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Abstract 
 
This thesis has investigated objective measurements that relate to the 
perceived spatial attributes of reproduced sound. Research has been 
conducted into extant measurements that aim to quantify the perceived 
spatial attributes of concert hall acoustics, and those that are most 
likely to be successful for measuring the properties of reproduced 
sound have been identified.  
 
A relatively new measurement technique that may relate to the spatial 
perception of reproduced sound has also been analysed. This 
measurement is based on the quantification of the magnitude of 
fluctuations in interaural time and level difference. This has been 
investigated in detail, and the subjective effect that this measurement 
relates to has been elicited in a number of subjective experiments.  
 
The experiments used various types of noise stimuli that contained a 
range of fluctuations in interaural time difference. It was found that 
when the fluctuations are contained within a part of the signal that is 
perceived to be a sound source, a variation in the magnitude of the 
fluctuations alters the perceived width of that source. When the 
fluctuations are contained within a part of the signal that is perceived 
to be reverberation, a variation in the magnitude of the fluctuations 
alters the perceived width of the acoustical environment. 
 
This research has been applied to the development of novel objective 
measurement techniques, and to the specification of the subjective 
attributes that relate to these techniques. A final evaluation experiment 
has found that listeners can relate to the attribute descriptors that have 
been elicited, and that the novel objective measurement techniques 
that have been developed match the subjective data at least as well as 
the extant measurement techniques. 
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0 Introduction 
 
0.1 Background to the research 
0.1.1 The need for objective measurement techniques 
 
A large amount of the research and testing that is conducted on sound reproduction systems 
involves subjective evaluations in the form of listening tests, as the ultimate judge of the quality of 
a product will be a human listener. Whilst subjective tests are a useful method of evaluation, they 
are both expensive and time consuming to undertake, and they require the training of an expert 
listening panel in order for them to give consistent and reliable results.  
 
As an alternative to subjective methods of evaluation, objective measures that correlate well with 
certain subjective parameters would be more accurately repeatable, and could save time and 
money [Grewin 1995]. Therefore it would be useful if subjective assessments could be replaced or 
complemented by objective measurement methods.  
 
The ultimate objective measurement for evaluating product quality would quantify the overall 
quality of the reproduced sound. However, the overall quality is a multidimensional attribute that 
is dependent on the properties of a large number of attributes. In view of this, in order to create an 
objective measurement that is related to the overall quality, it is necessary to quantify the 
properties of each of the unidimensional attributes that contribute to the perceived quality of a 
sound. Therefore, in order to develop an objective measurement of overall sound quality, it is 
necessary to initially consider single attributes or small groups of attributes and attempt to create 
objective measurements that relate to these. 
 
The research that is required to create objective measurements that relate to certain subjective 
attributes is also essential for gaining a better understanding of the perceptual effect, and will assist 
in the design of acoustic and electronic systems that can deliver a predicted result. Indeed, as Lord 
Kelvin was cited as writing, “… when you can measure what you are speaking about and express 
it in numbers, you know something about it; but when you cannot measure it in numbers your 
knowledge is of a meagre and unsatisfactory kind; it may be the beginning of knowledge, but you 
have scarcely in your thoughts advanced to the stage of science whatever the matter may be” (cited 
in [Young 1948]). 
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0.1.2 The importance of spatial sound perception 
 
The overall quality of reproduced sound contains a wide range of types of subjective attributes. 
Factors such as timbre, distortion and dynamic range have been researched in detail, and useful 
measurements have been developed for each of these. On the other hand, the research into the 
spatial performance of sound reproduction systems is relatively incomplete, yet this is an 
important factor that contributes to the perceived sound quality of concert hall acoustics [Ando 
1985] and reproduced sound [Toole 1985]. This area is of increasing research interest, due to the 
growing number of sound reproduction systems that can deliver an enhanced spatial auditory 
experience to the consumer. One such research project that investigated this area, within which the 
research that is described in this thesis was initiated, was Eureka 1653 MEDUSA (Multichannel 
Enhancement of Domestic User Stereo Applications)1. 
 
Within the field of spatial impression, a great deal of research has been completed into the aspect 
of localisation in reproduction systems. However, other attributes of spatial impression have so far 
been left behind [Rumsey 1998]. Perhaps one reason for this is that localisation can be evaluated in 
listening tests relatively simply. In contrast, other aspects of spatial impression are much more 
complicated multidimensional subjective phenomena2.  
 
One area in which spatial impression has been researched in detail is the perception of concert hall 
acoustics. Beranek provides a good overview of this [Beranek 1996]. It remains to be seen whether 
the measurement techniques that have been developed for quantifying the spatial attributes of 
concert hall acoustics can be applied to the reproduction of sound in small rooms, but there are 
definite parallels. It is also apparent from [BS EN ISO 3382 2000] that no decision has yet been 
made on what would be the most appropriate measurement technique for quantifying the spatial 
properties of concert halls. In view of this, research is required in this area in order to develop 
                                                          
1 This was a collaborative project with a duration of 3.5 years that involved the British 
Broadcasting Corporation, the Institute of Sound Recording at the University of Surrey, Nokia 
Research Centre, Genelec Oy and Bang & Olufsen A/S. Topics that were investigated included the 
subjective attributes of spatial perception and related physical cues, quantification of the 
requirements of subwoofers in a 5.1 surround sound arrangement, multichannel level alignment, 
surround sound programme production and virtual surround sound. 
2 In this thesis, spatial impression is defined as “the perception of attributes of the audio which are 
in the first three dimensions; those of height, width and distance, including both perceived sound 
sources and the acoustic environments in which the sources are located”. 
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measurements that relate to the perceived spatial impression of concert hall acoustics, and to 
attempt to apply these to reproduced sound. 
0.1.3 Limitations of objective measurements 
 
It must be noted that even though an objective measurement may correlate closely with a specific 
attribute that is judged by a subject, it will not always exactly match the subjective judgement. The 
reason for this is that subjective results are not consistent, as they may be affected by a large 
number of factors. For instance, a judgement will depend on the particular subject, as each 
individual will have their own background, training, familiarity with certain attributes of audio, 
acuteness of hearing, ability to perceive certain artefacts, and their own preferences. Even for a 
single subject, judgements may vary in different sessions due to the immediate history to the test, 
such as the health and emotional state of the subject, any recently encountered sounds and auditory 
environments, as well as any training effect from repeating experiments. Within this, even for a 
single subject in a single test session, other factors within the test may influence the judgements of 
a particular attribute, for example the presence or absence of video. In addition, large variations in 
other auditory attributes in the same session may distract attention away from the attribute that is 
under investigation. Finally, there is also an aspect of error in subjective judgements, be it due to 
lack of attention, misinterpretation by the subject or experimenter, vague judgement methods, or 
mistakes.  
 
An objective measurement will not take into account any of these additional variables in the 
experiment, unless it is specifically designed to do so. Even so, it would be impossible to predict 
the effect of certain aspects, especially those factors that are outside the direct control of the 
experiment. However, an objective measurement will give an approximation of a mean result from 
a given set of subjects.   
 
The use of objective measurements instead of subjective evaluations does have a number of 
advantages. As mentioned above, objective measurements are quicker and cheaper to undertake, 
and they are accurately repeatable. They can also give a result that approximates the mean from a 
number of subjects. Whilst this is dependent on the subjects that are used in the stage where the 
measurement is calibrated (in which a given measured result is related to a specific magnitude of 
the related subjective attribute), it is more consistent than using a single subject or a small panel of 
subjects. Finally, an objective measurement can solely judge the attribute that is of interest, whilst 
disregarding all other factors, which may be an advantage in some situations. 
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0.1.4 Types of objective measurements 
 
The computational models on which objective measurements are based can be divided into two 
types, based on the categorisation that was suggested by Colburn [Colburn 1996]. The first of 
these, termed a pink-box model, is where the actual physiological process of the auditory system is 
modelled as accurately as possible. The second of these, termed a black-box model, is where the 
aim of the model is to provide a similar result to the subjective judgement, but without necessarily 
simulating the manner in which the perceptual process operates. 
 
It is likely that the first of these models will produce a result that matches the subjective effect 
most accurately. If the entire physiological, perceptual and evaluative process is accurately 
modelled, it is reasonable to assume that the measured or modelled result will accurately match the 
subjective effect. On the other hand, based on current knowledge it is impossible to accurately 
model all the necessary factors in the process, and it is likely that such a model will be 
computationally expensive. 
 
Therefore, in order to create a practical objective measurement, a black-box model may be more 
appropriate. In this case, the measurement may mimic the process to some degree, or it may not 
consider the physiological process at all, but the model will be developed to give similar results to 
the subjective judgements without consideration of the physiological accuracy.  
 
0.2 Aims of the research 
 
Based on the information that is contained in Section 0.1, it is apparent that an objective 
measurement that relates to certain perceived spatial attributes of reproduced sound would be 
useful for evaluating these aspects that contribute to the overall quality of reproduced sound. The 
process that is required to develop such a measurement would also result in a greater 
understanding of the physical cues that create certain subjective attributes, which means that such 
factors could be controlled more accurately. Therefore, the aim of the research for this thesis is to 
develop objective measurement techniques that relate to the perceived spatial impression of 
reproduced sound, and to increase understanding of the salient physical cues through this work.  
 
As the majority of the research into objective measurements that relate to subjective spatial 
impression has been carried out in the field of concert hall acoustics, it is logical to begin by 
reviewing this research to evaluate the limitations of the extant measurement techniques. From 
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this, the practicality of applying these measurements to reproduced sound needs to be evaluated. 
Alternative measurement methods also need to be reviewed, in order to evaluate the limitations of 
the measurements and to determine the research that is required to develop these measurements. 
The subjective effect of the physical cues that relate to these measurements also requires 
investigation, so that the relevant perceived effect can be identified. Finally, the success of the 
resulting measurements at predicting the perceived spatial effect needs to be evaluated. 
 
As mentioned above, any resulting objective measurement is unlikely to accurately predict all 
subjective judgements in all situations. However, it should be possible to create a measurement 
that correlates closely with the mean of a number of subjective judgements. It is also unlikely that 
the measurement can be based on an accurate pink-box model of the human auditory perceptual 
system, though it is possible that a black-box model that is similar to the salient aspects of the 
perceptual system will be most successful. 
0.2.1 Thesis structure 
 
This thesis describes the research that has been undertaken to develop objective measurement 
techniques that relate to the perceived spatial properties of reproduced sound.  
 
Chapter 1 reviews the extant objective measurement techniques that have been developed for 
application in concert hall acoustics. The reasoning behind these measurements is described, and 
the relative merits of the techniques are evaluated. It is discussed how these measurements may be 
applied to sound reproduction, and conclusions are drawn on the likely success of each type of 
measurement. The limitations of these measurements are also discussed, and alternative strategies 
are proposed that may be more perceptually valid. 
 
Chapter 2 contains a discussion of a relatively novel measurement technique that is based on the 
quantification of the fluctuations in interaural time and level difference over time. Simulations are 
used to investigate how these fluctuations are created, and the relationship between this physical 
cue and the extant measurement techniques is explored. The limitations of this measurement 
technique are discussed, and it is concluded that this measurement technique cannot be 
successfully applied until the subjective effect of these physical cues has been investigated in 
detail.  
 
The methodology for eliciting the subjective effect of the fluctuations in interaural time and level 
difference is reviewed in Chapter 3. The aims of the investigation are summarised, and the 
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approaches that are available to undertake this are reviewed. Stimuli that are appropriate for the 
task are proposed and evaluated. A novel elicitation method that is based on a combination of 
verbal and non-verbal techniques is proposed for the subjective experiment, and the available 
analysis methods are reviewed, including a number of novel methods. Finally, the choice of 
subjects is discussed, together with issues of training for experiments. 
 
Chapter 4 contains a description of the first experiment that was conducted to elicit the subjective 
effect of fluctuations in interaural time difference. This experiment employed frequency 
modulated continuous noise stimuli that were presented to the subjects over headphones. The 
stimuli and experimental method are described, and the methods that were used to analyse the 
results are summarised. The results of this experiment are discussed, and they are compared to 
similar experiments that investigated stimuli that contained variations in the interaural cross-
correlation coefficient. Finally, the limitations of this experiment are considered. 
 
Chapter 5 contains a description of the second experiment that was conducted to elicit the 
subjective effect of fluctuations in interaural time difference. This experiment employed frequency 
modulated continuous noise stimuli that were similar to those that were used in the previous 
experiment. However, in this case they were presented to the subjects over loudspeakers, in order 
to create scene components that were perceived to be outside the head. The stimuli and 
experimental methods are summarised, and the results of this experiment are discussed. These 
results are compared to those from similar experiments that investigated stimuli that contained 
variations in the interaural cross-correlation coefficient. Finally, the limitations of this experiment 
are considered.  
 
Chapter 6 contains a description of the final experiment that was conducted to elicit the subjective 
effect of fluctuations in interaural time difference. This experiment employed frequency 
modulated noise stimuli that were similar to those that were used in the previous experiment. 
However, in this case they were modified by the use of a decaying amplitude envelope, in order to 
mimic a reverberant decay. The stimuli and experimental method are summarised, and the results 
of the experiment are discussed. Finally, the results of the experiment are compared with those of 
the experiments that are described in the previous chapters, and the limitations of the experiment 
are considered. 
 
The results of all three elicitation experiments that were undertaken for this thesis are discussed in 
Chapter 7. The relevant results of these experiments are summarised, and the implications of these 
are considered. The similarity of the fluctuations in interaural time difference and the interaural 
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cross-correlation coefficient are discussed further, and the limitations of the subjective 
experiments are considered. The ways in which this research can be applied to the further 
development of objective measurements is then evaluated. As the elicitation technique that was 
used in the experiments was a novel combination of verbal and non-verbal methods, the value of 
the technique is also considered. Finally, an experiment is proposed to further evaluate the findings 
of the research that is discussed in this chapter. 
 
Chapter 8 contains a description of the experiment that was conducted to evaluate the terms that 
had been elicited in the preceding three experiments, and to assess the objective measurement 
techniques that have been developed through this research and experimentation. The aims of the 
experiment are summarised, and the stimuli are discussed in detail. This is followed by an outline 
of the experimental method that was employed, after which the analysis and results of the 
subjective judgements are discussed. The objective measurements are described, and the results of 
these measurements are outlined. The objective and subjective results are then compared, and 
conclusions are drawn regarding the success of the different measurement techniques that were 
employed. Finally, the results of the experiment are discussed, including an evaluation of the 
merits of the subjective descriptors, and a consideration of the limitations of the objective 
measurements. 
 
The contents of the thesis are summarised in Chapter 9. Following this, the main conclusions that 
have been drawn from the results of the research and experimentation are outlined. Finally, further 
work that has arisen from this research is summarised, and ways in which the objective 
measurement techniques can be improved are suggested. 
 
The Appendices include descriptions of the objective measurements that have been developed as 
part of the research that was undertaken for this thesis. The details of the measurements are 
specified, together with an explanation of the decisions that were made in their development. The 
basic operation of the measurements is tested, and the limitations are discussed. Finally, areas that 
require further work are highlighted. 
0.2.2 Contribution to the field 
 
As a result of the research and experimentation that has been undertaken for this thesis, a number 
of original contributions have been made to the fields of auditory spatial perception, subjective 
elicitation and objective measurement. These are briefly summarised below. 
  
 
0 Introduction 
 Page 8 
• The subjective spatial effect of various types of noise signal that contained fluctuations in 
interaural time difference has been elicited in detail. 
• A novel combination of verbal and non-verbal elicitation methods, which include both 
absolute and relative techniques, has been proposed and successfully employed. 
• Novel tools for analysing the results of graphical sketch-map elicitation exercises, including 
dimension measurement and similarity metrics, have been proposed and successfully 
employed.  
• Novel contributions have been made to the measurement techniques that have been developed 
to quantify the fluctuations in interaural time and level difference and the interaural cross-
correlation coefficient, including the application of fast Fourier transform and spectrographic 
analysis techniques to the measured results. 
• Detailed analysis has been performed on the fluctuations in interaural time and level 
difference that are created by the interaction of a direct sound and one or more reflections for 
a range of sound source signals. 
• Evidence has been produced that casts doubts on the perceptual relevance of objective 
measurements that are made directly of impulse responses, and on the separation of source-
related and environment-related scene components based on a single time division. 
• An evaluation has been made of the likely success of predicting the perceived spatial 
attributes of reproduced sound by the use of objective measurements that have been created 
for concert hall acoustics. 
 
0.3 Summary 
 
This introduction described the background to the research that is contained in this thesis. The 
requirement for objective measurement techniques that relate to the perceived auditory spatial 
attributes of reproduced sound was determined, and the expectations of such a measurement were 
considered. The aims of the research were drawn from this, and the basis of the approach of the 
research was outlined. The structure of the thesis was reviewed, and finally the main original 
contributions to the field were summarised. 
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1 A review of existing measurements that relate to spatial 
impression 
 
 
A great deal of the work into quantifying the physical parameters that create a perception of spatial 
impression has been carried out in the field of concert hall acoustics. This chapter reviews the 
main types of measurement technique that have been proposed and investigates how they were 
developed and to what subjective spatial attribute they relate. In this review, the measurements are 
separated into two main types that are dealt with individually. The first type contains 
measurements that quantify changes in the parameters of the concert hall design which cause 
differences in the perceived spatial impression. The second type contains measurements that relate 
the properties of the audio signals that reach the ears to the perceived spatial impression. 
 
The similarities and differences of these two types of measurement are discussed, and it is 
considered how they might be applied to the field of reproduced sound. Conclusions are then 
drawn on the likely success of each type of measurement for accurately predicting the subjective 
spatial effect of reproduced sound and the potential problems that may arise. 
 
1.1 Measurements based on the physical properties of concert halls 
1.1.1 Investigation of the properties of early reflections 
 
As may be expected from research into concert hall acoustics, a majority of the investigations have 
concentrated on the physical parameters of the halls themselves that cause a change in the 
perceived spatial impression. Initial investigations related primarily to the reverberation time of 
halls, as this is perhaps the most obviously perceivable effect in concert halls [Barron 1999]. One 
of the earliest papers documenting a relationship between concert hall parameters and the 
perceived spatial impression was by Marshall, who suggested that the early lateral reflections were 
important in creating a subjective effect that he termed ‘spatial responsiveness’, and which he 
defined as envelopment of the listener [Marshall 1967]. 
 
The early theories of Marshall were investigated in more detail by Barron and Marshall. They 
conducted an in-depth investigation into the effect of a pair of early reflections on the perceived 
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spatial impression [Barron and Marshall 1981]. They created the stimuli by setting up a number of 
loudspeakers in an anechoic chamber. The direct sound was a single-channel anechoic recording 
of a short orchestral extract, which was replayed over a loudspeaker that was located directly in 
front of the subject. The reflections were simulated by replaying a delayed version of the direct 
sound over loudspeakers that were situated symmetrically at each side of the subject. They used 
this method to examine the subjective effect of various parameters of the reflections, including 
delay times, frequency spectra, directions of incidence and level.  
 
Firstly, they found that the spatial impression was approximately constant for a range of reflection 
delays between 8 and 90 ms. From this, they proposed that a measurement should include 
reflections up to 80 ms, as this is approximately the duration beyond which these reflections can 
become perceived to be disturbing echoes for a musical signal.  
 
Secondly, they found that the low frequency content of the reflections was at least as important as 
the mid-frequency content. In addition to this, they described the perceived effect that was caused 
by low frequencies (below approximately 500 Hz) as envelopment, and the perceived effect that 
was caused by mid-frequencies (approximately 500 to 4000 Hz) as source broadening or 
increasing source width. However, they described the envelopment as "the apparent source area is 
large" [Barron and Marshall 1981: 226], which can also be interpreted as source broadening or 
increasing source width, though possibly combined with increasing depth. 
 
Finally, Barron and Marshall found that the angle of incidence of the reflections in the horizontal 
plane had an effect on the perceived spatial impression. It was found that reflections from the 
median plane resulted in no change in the spatial impression compared to solely the direct sound, 
whereas the reflections that arrived from ±90º caused the greatest spatial impression. The range of 
angles of incidence between these extremes was investigated in a subjective test. In this, a number 
of stimuli that consisted of a direct sound and a pair of symmetrically positioned reflections at a 
given angle of incidence were compared with a reference that consisted of a direct sound and a 
pair of lateral reflections positioned at ±90º. The subjects were asked to alter the ratio of lateral to 
frontal energy of the reference, so that it had subjectively the same spatial impression as each of 
the stimuli that had a fixed lateral to frontal energy ratio of –6 dB. The results of this experiment 
are shown in Figure 1.1. 
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Figure 1.1: The mean and associated 95% confidence interval plot of the subjective 
judgements of the ratio of lateral to frontal energy that was required for a direct sound and a 
pair of reflections that were positioned at ±90º away from the median plane to have 
equivalent spatial impression to a direct sound and a pair of symmetrically positioned 
reflections arriving at the subject from the given horizontal angle of incidence away from the 
frontal median plane (α) with a fixed lateral to frontal energy ratio of –6dB (adapted from 
[Barron and Marshall 1981]).  
 
It can be seen from Figure 1.1 that a decrease in the angle of incidence away from the median 
plane resulted in a decrease in the amount of lateral to frontal energy that is needed for the 
reference to have the same perceived spatial impression as the stimulus. This can be interpreted as 
the stimuli that contained reflections that arrived from closer to the median plane causing a lower 
magnitude of spatial impression. Barron and Marshall found that the relationship between the 
angle of incidence and the required lateral to frontal energy followed approximately |sin(α)|, where 
α was the angle of incidence measured from the frontal median plane. 
 
Based on this research and the findings of Reichardt and Schmidt that showed that an increase in 
the ratio of lateral to frontal energy caused an increase in perceived spatial impression [Reichardt 
and Schmidt 1967], Barron and Marshall proposed a physical measure of spatial impression. This 
measure, termed the ‘lateral fraction’, was a ratio of the lateral sound energy to the total sound 
energy that arrived within the first 80 ms after the arrival of the direct sound. This is shown in 
Equation 1.1. 
  
 
1 A review of existing measurements that relate to spatial impression 
 Page 12 
Equation 1.1 
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where r = sound intensity 
φ = angle of incidence measured from the lateral plane 
[Barron and Marshall 1981] 
 
The lateral fraction (Lf) is usually calculated directly for an impulse response of a room from a 
sound source (usually positioned on the stage) to one of a number of receiver positions (usually 
positioned in the audience) [BS EN ISO 3382 2000]. For this measurement, the rcosφ term in 
Equation 1.1 can be approximated by using a figure-of-8 microphone, positioned so that its null 
axis is pointing directly at the source. An omnidirectional microphone can be used for the r term in 
the denominator. Therefore, Lf can be measured relatively simply with coincident lateral figure-of-
8 and omnidirectional microphones. 
 
The original experiment of Barron and Marshall related the objective measurement of Lf to a 
subjective attribute that they referred to as spatial impression. When they examined the subjective 
effect of the reflections with different frequency ranges, they refined this description to one of 
source broadening or source width as discussed above. This resulted in the measurement of Lf now 
being defined as relating to the perceived width of the sound source [BS EN ISO 3382 2000].  
1.1.2 Investigation of the properties of later reflections 
 
As mentioned above, the study of Barron and Marshall was limited to a single direct sound with a 
pair of simulated symmetrical reflections. Bradley and Soulodre extended this research by adding 
a number of early reflections as well as a reverberant tail [Bradley and Soulodre 1995a]. The 
method that they used to create the stimuli was similar to that which was used by Barron and 
Marshall, as described above. They reproduced an anechoic recording of a short orchestral extract 
over a loudspeaker in an anechoic chamber, together with various simulated reflections and 
reverberation tails that were emitted from a number of loudspeakers.  
 
They varied the reverberation level, reverberation duration and lateral position of the loudspeakers 
over which the reverberation was reproduced (thereby altering the angle of incidence of the 
reverberation). The subjects were asked to rate the change in the perceived envelopment of each 
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stimulus compared to a reference stimulus. The results from these experiments showed that an 
increase in each of these factors – reverberation level, reverberation duration, and angle of 
incidence of the reverberation from the median plane – resulted in an increase in the perceived 
envelopment.  
 
Therefore it can be seen that the effect of these properties of the reverberation on perceived 
envelopment showed a similar trend to the effect of similar properties of the early reflections on 
perceived source width. From this, Bradley and Soulodre concluded that a similar measurement 
technique may be applicable for both the early reflections and the reverberation [Bradley and 
Soulodre 1995a]. 
 
In order to explore the differences between the early reflections and the reverberation, Bradley and 
Soulodre also investigated the effect of varying the onset time of reverberation after the arrival of 
the direct sound. A similar method was used; a direct sound, early reflections and reverberation 
that were reproduced over loudspeakers in an anechoic chamber. However, in this case the 
reverberation was replaced by a gated burst of energy with a duration of 70 ms, produced by a 
digital reverberator3. The level and onset time after the arrival of the direct sound of the gated burst 
of energy were varied, though Lf was kept constant for all of the stimuli by distributing the energy 
of the burst across the three loudspeakers to match the distribution of the early reflections. The 
subjects were asked to rate the change in perceived envelopment of each stimulus compared to a 
reference stimulus. The onset times of the energy burst (δt) ranged from 0 to 120 ms after the 
direct sound. Therefore for δt = 0 ms, all of the sound energy arrived within the first 80 ms after 
the direct sound, and for δt = 80 ms, only the direct sound and early reflections arrived within the 
first 80 ms after the direct sound. 
 
The results showed that an increase in the onset time after the direct sound resulted in an increase 
in the perceived envelopment of the stimulus. This was also the case when the level of the 70 ms 
energy burst was increased. This is shown in Figure 1.2.  
 
                                                          
3 The direct sound was again an anechoic recording of a short orchestral extract, and as the energy 
burst was created by a digital reverberator, its characteristics were dependent on the musical 
source signal. 
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Figure 1.2: Mean ratings and associated 95% confidence intervals of the difference in 
perceived envelopment for each level of onset time of the gated energy burst for two levels of 
the gated energy burst as found by Bradley and Soulodre (adapted from [Bradley and 
Soulodre 1995a]). 
 
From this research, Bradley and Soulodre concluded that the magnitude of the perceived 
envelopment of a stimulus that was sounded in an acoustical environment was affected by the 
lateral energy that arrived beyond 80 ms after the direct sound. From this, they derived a new 
measurement that they termed the ‘late lateral energy fraction’ ( ∞80LF ), defined as shown in 
Equation 1.2. 
 
Equation 1.2 
∫∫ ∞∞∞ = msms dttpdttpLF 80 280 280 )()cos()( α  
where p(t) = impulse response of the room  
α = angle of incidence from the lateral plane 
 
The principal difference between the ∞80LF measurement and the Lf measurement is that Lf 
measures the impulse response up to 80 ms after the arrival of the direct sound, and ∞80LF  
measures the impulse response beyond 80 ms after the arrival of the direct sound. The aim of the Lf 
measurement was to quantify the magnitude of the early lateral reflections which appeared to 
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affect the perceived source width, whereas the aim of the ∞80LF  was to quantify the magnitude of 
the late lateral reflections which appeared to affect the perceived envelopment of the reverberation. 
1.1.3 Evaluation of the salience of these objective measurements 
 
The success of these measurements at predicting the subjective judgements of perceived source 
width or perceived envelopment has been tested in both simulated acoustical environments and 
real concert halls. Bradley used a simulation that incorporated a direct sound, early reflections and 
reverberation that was reproduced over loudspeakers in an anechoic room. This was similar to 
those that were used in the experiments that are described above [Bradley 1999]. He found that Lf, 
averaged over 4 octave bands centred on 125 Hz to 1 kHz, predicted the subjective judgement of 
perceived source width with a Pearson correlation coefficient of 0.9444.  
 
Okano, Beranek and Hidaka also examined the relationship between Lf and perceived source width 
by using a simulation of an acoustical environment that was similar to that which was employed 
by Bradley [Okano et al. 1998]. However, they found that a variation in the number of early 
reflections in the simulation resulted in a change in the perceived source width, whereas the 
measured Lf values did not alter.  
 
Hidaka, Beranek and Okano also examined the use of Lf in real concert halls. However, they only 
evaluated its success by comparing the measured results with the overall rated quality of each hall, 
rather than specifically attempting to correlate the measured results with the perceived source 
width as heard at the same position as the measurement [Hidaka et al. 1995]. They found that for 
this comparison, the rank ordering of the halls that was based on the measured Lf did not match the 
rank ordering of the halls that was based on the subjective evaluation of their overall acoustical 
quality.  
 
The success of ∞80LF  at predicting the perceived subjective envelopment has also been tested in 
simulations of acoustical environments and studies of real concert halls. Bradley and Soulodre 
again used a simulation of a direct sound, early reflections and reverberation that was reproduced 
over loudspeakers in an anechoic room [Bradley and Soulodre 1995b]. The subjects were asked to 
rank the differences in perceived envelopment between each stimulus and the reference. These 
                                                          
4 As calculated by the author from the data shown in Figure 14 in [Bradley 1999], including all 
three sound levels of stimuli. 
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data were then compared to the differences in the objective measurement data between each 
stimulus and the reference. They found that the measurements of ∞80LF  were well correlated with 
the subjective data for all six octave bands that were measured (with correlation coefficients of 0.8 
or greater).  
 
However, earlier research by Bradley and Soulodre had indicated that an increase in the level of 
the reverberation (the sound energy beyond 80 ms after the direct sound) compared to the level of 
the direct sound and the early reflections (the sound energy arriving within 80 ms after the direct 
sound) also increased the perceived envelopment [Bradley and Soulodre 1995a]. Therefore, they 
proposed a variant of ∞80LF  which is the ratio of the lateral energy arriving beyond 80 ms after the 
arrival of the direct sound to the total energy of the same source measured at a distance of 10 
metres in an anechoic chamber. This is defined in Equation 1.3. 
 
Equation 1.3 
{ }∫∫ ∞∞∞ = 0 280 280 )()cos()(log10 dttpdttpLG Ams α  
where p(t) = impulse response of the room 
α = angle of incidence from the lateral plane 
pA(t) = impulse response of the same source measured at a distance of 10m in a free field 
[Bradley and Soulodre 1995a] 
 
A comparison of the results from this measurement with the subjective envelopment data resulted 
in very high correlation (correlation coefficients of 0.95 or greater).  
 
Therefore it can be seen that the lateral energy measurements have proved useful in predicting the 
perceived source width and envelopment of both real and simulated concert halls. However, the 
measured results do not always match the subjective effect accurately, and it is apparent that the 
perceived envelopment may also be related to the relative level of the reverberation. 
 
1.2 Measurements based on the properties of signals reaching the ears 
 
Another type of measurement that has been developed from a psychophysical approach examines 
the subjective effect of various types of signals that reach the ears. From this, physical cues that 
cause the perception of particular subjective attributes can be discovered, and this can then be 
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related back to concert hall acoustics to create a measurement of that particular subjective effect. 
This is different from the type of measurements covered in the previous section. They focused on 
the properties of the concert hall that caused certain subjective effects, whereas the measurements 
in this section focus on the audio signals that reach the ears, regardless of the manner in which 
they were created. 
1.2.1 Psychophysical research into perceived spatial attributes 
 
The first measurements that related to spatial perception were linked with the perceived location of 
sources. Jeffress examined the spatial attribute of localisation and suggested that the physiological 
mechanism for perceiving the location of a sound based on interaural time difference cues might 
be a coincidence network [Jeffress 1948]. This simple model could be constructed from neural 
components that were known at the time – the limited transmission rate of nerve fibres and the 
triggering of synapses.  
 
Jeffress theorised that if such a process existed, it would contain a large number of these networks 
connected in parallel, perhaps one for each pair of sensory synapses in the ear. Assuming that each 
synapse in the ear is more likely to be triggered by a loud signal [Moore 1997], and that the 
outputs from the parallel series of coincidence networks are summed or averaged, then the 
resulting system could be modelled using a cross-correlation calculation. This metric is essentially 
a calculation of the similarity of the signals that reach each ear, for the range of delay times 
representing each of the synapses in the model. The cross-correlation coefficient is defined as 
shown in Equation 1.4. 
 
Equation 1.4 
Cross-correlation coefficient (τ) = 2/12
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where x and y are the two signals whose correlation is to be measured 
t1 and t2 are the period over which the correlation is measured 
τ is an offset between the two signals under measurement 
(adapted from [Ifeachor and Jervis 1993]) 
 
The cross-correlation coefficient may be applied to any two signals, though for the purpose of 
predicting perceived location it is commonly employed to analyse a pair of binaural signals (the 
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signals that reach the ears of a listener or of a head and torso simulator). In this case, the result of 
the calculation is referred to as the interaural cross-correlation coefficient and is commonly 
measured over a range of τ large enough to encompass the maximum interaural time difference 
that is caused by the physical separation of human ears, typically ±1 ms. For the purposes of 
predicting the perceived location of a sound, the value of τ at which the cross-correlation 
coefficient is a maximum can be converted to an angle of incidence based on a known physical 
distance between the ears. 
 
In addition to the localisation prediction properties, the cross-correlation process has been applied 
to other aspects of binaural hearing. Sayers and Cherry examined the subjective fusion of two or 
more signals that were fed to the ears over headphones [Sayers and Cherry 1957]. Using a number 
of stimuli they investigated whether the signals fed to each ear were judged as being subjectively 
fused (perceived to be a single entity) and found that this could be modelled using the maximum 
value of a cross-correlation measurement. They hypothesised that the fusion process is based on 
the similarity of the signals that reach each ear, and as the cross-correlation coefficient is a 
measure of the similarity of two signals, they found that it matched their empirical results.  
 
Licklider also noted the effect of subjective fusion in his experiments on the masking of speech by 
noise [Licklider 1948]. He found that noise stimuli with an interaural cross-correlation coefficient 
of 1 resulted in the perception of a single scene component in the median plane. However, for 
noise stimuli with an interaural cross-correlation coefficient of 0, two separate scene components 
were perceivable, one positioned at each ear. 
 
It has been found that even if the two ear signals are perceptually fused into a single entity, a 
variation in the maximum value of the cross-correlation coefficient can alter the perceived spatial 
impression. Chernyak and Dubrovsky investigated this by using wide-band noise stimuli that 
contained different levels of cross-correlation that were presented over headphones [Chernyak and 
Dubrovsky 1968]. The subjects were asked to indicate where the sound appeared to be on a 
graphical plan of a lateral cross-section of the head, and were asked to differentiate the ‘magnitude 
of sensation’ of the stimulus in each section of the plan. The results are shown in Figure 1.3. 
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Cross-correlation = 1 
 
 
 
Cross-correlation = 0.85 
 
Cross-correlation = 0.4 
 
 
Cross-correlation = 0 
Figure 1.3: Graphical results of Chernyak and Dubrovsky for wide-band noise stimuli with 
four levels of cross-correlation representing a lateral cross-section of the head and depicting 
the ‘magnitude of sensation’ in each area by increasing shades of colour (reproduced from 
[Chernyak and Dubrovsky 1968] with permission). 
 
The results showed that for a completely correlated signal, a single scene component was 
perceived in the centre of the head. The single scene component became wider as the cross-
correlation of the stimulus was lowered. For the stimulus where the signal was completely 
uncorrelated between the two ears, two separate scene components could be perceived, one at each 
side of the head.  
 
Blauert and Lindemann also examined the spatial attributes of stimuli with differing levels of 
cross-correlation by conducting a similar headphone-based experiment [Blauert and Lindemann 
1986a]. They asked the subjects to draw an ellipse indicating the boundary of any perceived scene 
components on both a horizontal and vertical plan of a head. Their results for wide-band pink 
noise were slightly different to those produced by Chernyak and Dubrovsky, as the stimuli with 
cross-correlation values of 0.5 and 0.25 resulted in three separate components being perceived, one 
in the centre of the head and one at each ear. For cross-correlation values above and below this, the 
results were the same as those of Chernyak and Dubrovsky.  
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A repetition of the experiment with narrow-band stimuli resulted in a maximum of two scene 
components being perceived. As found by Chernyak and Dubrovsky, lowering the cross-
correlation coefficient of the stimuli resulted in the perception of a single scene component that 
increased in size until the point at which it separated into two separate components. Blauert and 
Lindemann also found that the scene components of the higher frequency stimuli with a given 
cross-correlation coefficient were perceived to be smaller than the scene components of the lower 
frequency stimuli with the same cross-correlation coefficient. This may explain the perception of 
three scene components for the wide-band pink noise stimuli; for a certain cross-correlation 
coefficient, the scene components of the low frequencies may be perceived to be located at the 
ears, with the scene components of the higher frequencies still perceived to be relatively small and 
at the centre of the head.  
 
The experiments that have been described so far employed noise stimuli that were delivered over 
headphones, which resulted in the scene components being perceived to be within the head. Plenge 
experimented with the cross-correlation of noise signals that were reproduced over loudspeakers 
that were positioned at ±30º from directly in front of the subjects in an anechoic chamber [Plenge 
1972]. The noise signals were centred on 400 Hz with a bandwidth of 300 Hz. The differing 
magnitudes of correlation were created by altering the relative levels of two uncorrelated noise 
signals; one of which was fed in-phase to both loudspeakers, the other of which was fed out-of-
phase to the two loudspeakers (i.e. with a phase inversion in one loudspeaker compared to the 
other). This meant that, across the range of noise level ratios from +∞ to -∞, the inter-loudspeaker 
cross-correlation coefficient could be varied continuously from +1 to –1.  
 
In order to make the in-phase and out-of-phase noise signals of a similar loudness, the in-phase 
signal was lowered by 5 dB for the entire experiment. To this offset, Plenge added gain ratios of 
>25, 13, 7, 4, 0, -4, -7, -13 and <–25 dB (these stimuli are referred to in the respective numerical 
order below) between the two noise signals to create nine stimuli that contained different levels of 
inter-loudspeaker cross-correlation. The subjects were asked to depict the spatial attributes of each 
of the stimuli on a plan view. The results from 10 subjects for four of these stimuli are shown in 
Figure 1.4. 
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Stimulus 1 
 
 
Stimulus 4 
 
 
Stimulus 7 
 
Stimulus 9 
Figure 1.4: The graphical results for four of the nine narrow-band noise stimuli with 
differing inter-loudspeaker cross-correlation coefficients depicting the location and size of 
each of the perceived scene components (reproduced from [Plenge 1972] with permission). 
 
In order to analyse the cross-correlation of the signals that reach the ears, the noise signals used by 
Plenge were recreated by the author and passed through a simulation of sources in an anechoic 
chamber at ±30º from the median plane of a head and torso simulator. The interaural cross-
correlation of each of the stimuli was then measured at τ = 0, using the calculation shown in 
Equation 1.4. The results are shown in Figure 1.5. 
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Figure 1.5: Graph of the interaural cross-correlation coefficient measurements made using 
the calculation shown in Equation 1.4 at τ = 0, together with the inter-loudspeaker cross-
correlation coefficient measurements for a simulation of the 9 experiment stimuli used by 
Plenge.  
 
It is apparent from Figure 1.5 that the stimuli that were used by Plenge created a wide range of 
values of interaural cross-correlation coefficient at the ears of the subjects. In addition, the 
interaural cross-correlation coefficient varied in a similar manner to the inter-loudspeaker cross-
correlation coefficient. These data can then be compared to the graphical results from the 
experiment that was conducted by Plenge, shown in Figure 1.4, in order to compare the interaural 
cross-correlation coefficient of each stimulus with the depicted spatial attributes. 
 
For the graphical responses for stimulus 1, which had a high positive interaural cross-correlation 
coefficient, the scene components were depicted as being relatively small and located in the 
median plane directly between the two loudspeakers. When the interaural cross-correlation was 
lowered, as in stimulus 4, the depicted scene components were much larger in size and also located 
closer to, and in some cases behind, the subject. When the stimulus had a negative interaural cross-
correlation coefficient, as in stimulus 6, the scenes were depicted as consisting of two components, 
usually symmetrical on each side of the head. Finally, when the stimulus had a high negative 
interaural cross-correlation coefficient, a majority of the depictions indicated that the sound was 
located within the head. 
 
The results of Plenge support those of Chernyak, Dubrovsky, Blauert and Lindemann that were 
mentioned above, though there are some significant differences. In all of these experiments, 
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subjects perceived stimuli with a high positive interaural cross-correlation coefficient as being 
small, with the width of the perceived scene component increasing as the cross-correlation fell, to 
a point at which two separate components were perceived. Another similarity between the 
experiments was that the stimuli were all depicted as being on or symmetrical about the median 
plane, as there were no constant time or intensity differences between the ears. Differences 
between the results lie in the perceived locations of the stimulus.  Stimuli that were presented over 
headphones were perceived to be located within the head and stimuli that were presented over 
loudspeakers were mostly perceived to be located outside the head. Another difference in the 
Plenge study was the use of negatively correlated signals, which caused either the perception of 
two scene components for a correlation coefficient that was low, or the perception of scene 
components within the head for a correlation coefficient that was high.  
 
From these results, it appears that signals that create either a low or negative interaural cross-
correlation coefficient may have to be treated in a different manner to the positive correlation 
coefficients. The reason for this is that there is a consistent trend for positive cross-correlation 
coefficients that the perceived source width increases with a decreasing interaural cross-correlation 
coefficient, until the point at which the perceived scene component divides into two. For a 
negative cross-correlation coefficient the subjective effect is noticeably different, with two or more 
scene components perceived with a low negative cross-correlation, which then fuse and become 
located within the head as the cross-correlation coefficient approaches -1. Therefore this must be 
considered when relating the measurements of the interaural cross-correlation coefficient of a 
signal to a subjective effect.  
 
Kurozumi and Ohgushi also investigated the subjective effect of various levels of inter-
loudspeaker cross-correlation [Kurozumi and Ohgushi 1983]. They used a similar stimulus 
creation method to Plenge; two uncorrelated white noise signals that were mixed in various 
proportions to create the different levels of inter-loudspeaker cross-correlation. They used seven 
stimuli with inter-loudspeaker cross-correlation coefficient values of 1, 0.66, 0.33, 0, -0.33, -0.66 
and –1. These were presented over loudspeakers positioned at ±30º from the frontal median plane 
of the subject in an anechoic chamber. As the loudspeaker positions and reproduction environment 
were similar to those that were used by Plenge, the given inter-loudspeaker cross-correlation 
would have resulted in approximately similar interaural cross-correlation coefficient values.  
 
The seven stimuli that contained a range of interaural cross-correlation values were presented in 
pairs and the subjects were asked to judge the magnitude of the difference between each of the 
presented stimuli. The results were then analysed using multidimensional scaling, which showed 
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that the perceived differences between the stimuli could be mapped onto two dimensions. The 
subjects were then asked to grade the relative width, distance and elevation of all the stimuli. From 
this, they found that the perceived width of the stimulus was related to the absolute value of the 
interaural cross-correlation coefficient, and that the perceived distance of the stimulus was related 
to the raw value of the interaural cross-correlation coefficient. In other words, as the interaural 
cross-correlation lowered from 1 to 0 and then to –1, the perceived width of the stimulus increased 
to a maximum when the cross-correlation coefficient was 0, and then decreased again as the cross-
correlation coefficient approached –1. In addition, as the interaural cross-correlation lowered from 
1 to 0 and then to –1, the perceived distance of the stimulus decreased continuously, with the 
furthest distance perceived for the stimulus with a cross-correlation coefficient of 1, and the closest 
distance perceived for the stimulus with a cross-correlation coefficient of –1. 
 
In terms of increasing perceived width with lowering interaural cross-correlation, these results are 
similar to those produced by Plenge. However, for the stimuli with a negative interaural cross-
correlation, there is a slight difference between the results of the two experiments. Firstly, 
Kurozumi and Ohgushi stated that all of their stimuli were perceived to be in front of the subjects, 
whereas the graphical results of Plenge depicted a number of the scene components to be behind 
the subjects. Secondly, the results of Plenge indicated that a negative or low interaural cross-
correlation resulted in the perception of two separate scene components, whereas this was not 
mentioned in the study by Kurozumi and Ohgushi. Nevertheless, there is a similarity of decreasing 
distance with a decreasing cross-correlation in both of the experiments that was not apparent for 
the headphone-based studies of Chernyak, Dubrovsky, Blauert and Lindemann that were discussed 
above. It is not clear whether this apparent distance cue is related to the more common distance 
cues of reverberation level, loudness and  timbre [Blauert 1997], or how these factors interact with 
the interaural cross-correlation coefficient when they are all present in a signal. Therefore this 
requires further investigation. 
 
Damaske also investigated the subjective spatial effect of noise signals that contained different 
correlation coefficients, though in his experiment four loudspeakers were positioned at ±45º and 
±135º from directly in front of the subject [Damaske 1967/68]. The stimuli were created by 
emitting a noise signal with a bandwidth of 250 Hz to 2.5 kHz from a loudspeaker that was located 
in a reverberation chamber. The resulting sound field was then captured by placing four 
microphones in a tetrahedral arrangement, ensuring that each of the microphones was equidistant 
from the loudspeaker. Each microphone was individually connected to one of four loudspeakers 
that were positioned in a square in an anechoic room and the subject was positioned at the centre 
of the loudspeaker arrangement. The arrangement of the microphones in the reverberation chamber 
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was such that the signals that fed any pair of the loudspeakers had an equal cross-correlation 
coefficient. This could be varied by changing the distance between the microphones. Six stimuli 
were used with different inter-loudspeaker cross-correlation values and the subjects were asked to 
depict the spatial attributes of each stimulus on a plan representing a hemisphere covering the area 
above the horizontal plane. The results for the six stimuli are shown in Figure 1.6. 
 
 
Inter-loudspeaker cross-
correlation = 0.98 
 
 
Inter-loudspeaker cross-
correlation = 0.72 
 
Inter-loudspeaker cross-
correlation = 0.46 
 
Inter-loudspeaker cross-
correlation = 0.35 
 
 
Inter-loudspeaker cross-
correlation = 0.25 
 
Inter-loudspeaker cross-
correlation = 0.15 
Figure 1.6: The graphical results of the depicted spatial attributes for the six band-limited 
noise stimuli with different inter-loudspeaker cross-correlation coefficients, with arrows 
indicating the position of the loudspeakers (reproduced from [Damaske 1967/68] with 
permission). 
 
Analysis of the stimuli that were used by Plenge that were discussed above showed that lowering 
the inter-loudspeaker cross-correlation in a conventional two-channel stereophonic arrangement 
resulted in a similar decrease in the interaural cross-correlation. If it is assumed that the same is 
true for the stimuli used by Damaske, then the graphical results shown in Figure 1.6 appear to 
follow a similar trend to the results of the four experiments described above. In this case, the 
stimulus with a high inter-loudspeaker cross-correlation was perceived to be being relatively small 
and located in the centre of the plan. For each stimulus with a lower cross-correlation, the depicted 
scene component appears to be larger until the final stimulus, where the sound appears to cover a 
large proportion of the upper hemisphere.  
 
Therefore, it appears that for the three methods of stimulus presentation in the five experiments 
that were described, the common result is that changing the interaural cross-correlation coefficient 
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of a noise stimulus alters the perceived size of the stimulus. A noise stimulus with a high positive 
interaural cross-correlation coefficient is perceived to be being relatively small, a reduction in the 
correlation means that the stimulus is perceived to be larger, until a point at which the stimulus is 
perceived to consist of two or more individual components.  
1.2.2 Application of this research to the perception of concert hall acoustics 
 
Keet was one of the first to relate the cross-correlation coefficient to concert hall acoustics [Keet 
1968]. He reproduced an orchestral music excerpt that was recorded using close microphones over 
a single loudspeaker on the stage of a concert hall. The resulting sound field was then recorded at 
four positions in the hall by using a pair of near-coincident cardioid microphones. These two-
channel recordings were then replayed over loudspeakers in an anechoic chamber and the subjects 
were asked to judge the perceived source width of the stimuli. 
 
He then related the results of this subjective experiment to an objective metric of the short-time 
cross-correlation coefficient between the two loudspeaker channels that was measured by 
reproducing an impulsive signal through the loudspeaker in the concert hall and recording the 
result in the same manner as the experiment stimuli. The results of the cross-correlation 
measurement, when integrated over the first 50 ms of the impulse response, matched the subjective 
results most accurately (though with an inverse relationship), with a Pearson correlation coefficient 
of less than -0.975 between the objective and subjective results5.  
 
Other authors have also related the cross-correlation measurement to the perceived effect of 
concert hall acoustics. Schroeder, Gottlob and Siebrasse found that a measurement of the interaural 
cross-correlation coefficient was inversely correlated with a subjective preference evaluation of a 
number of concert halls [Schroeder et al. 1974]. However, they did not investigate the specific 
subjective attribute or attributes to which this objective measurement related. More specifically for 
perceived spatial attributes, Barron investigated the relationship between the perceived spatial 
impression that is caused by certain single lateral reflections as found by Reichardt and Schmidt 
[Reichardt and Schmidt 1967] and the predicted interaural cross-correlation of these stimuli. He 
found a close match between the two sets of data [Barron 1971]. Ando and Kurihara related the 
interaural cross-correlation to the perceived diffuseness of a sound field. They found a strong 
negative correlation between the objective and subjective results, especially for octave frequency 
                                                          
5 As calculated by the author from the data shown in Figure 3 in [Keet 1968], calculated separately 
for each of the four sound levels of stimuli. 
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bands centred on 500, 1000 and 2000 Hz [Ando and Kurihara 1986]. Ando went on to specify the 
interaural cross-correlation measurement as one of four orthogonal attributes that were strongly 
correlated with listener preference in concert halls, the others being the listening level, initial time 
delay gap, and the reverberation time [Ando 1985]. 
 
Morimoto and Iida associated the interaural cross-correlation coefficient more specifically with the 
perceived source width [Morimoto and Iida 1995]. The stimulus that they used was a short 
anechoic orchestral extract that was reproduced in an anechoic chamber as a direct sound, together 
with a pair of reflections positioned at ±45º from the frontal median plane of the subject. In order 
to change the measured interaural cross-correlation coefficient at the listening position, they 
altered the ratio of the direct to reflected sound, whilst keeping the overall listening level constant. 
They also altered the overall level of the stimuli as a separate independent variable, such that there 
were four presentation levels, and for each of these levels there were six values of cross-
correlation. The subjects were asked to judge the perceived source width of each of the 24 stimuli.  
 
The results from this experiment showed that the perceived source width was dependent on both 
the cross-correlation and the presentation level of the stimulus. This is shown in Figure 1.7.  
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Figure 1.7: Perceived source width for a number of levels of interaural cross-correlation 
coefficient and presentation level (adapted from [Morimoto and Iida 1995]). 
 
It can be seen from Figure 1.7 that both the presentation level and the interaural cross-correlation 
of the stimulus had a significant effect on the perceived source width. It is also apparent that there 
was an interaction effect between the two independent variables. Changing the interaural cross-
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correlation of the stimuli with the lowest presentation level only changed the perceived source 
width a small amount, whereas for the highest presentation level, a change in the interaural cross-
correlation of the stimuli resulted in a larger change in the perceived source width.  
 
Based on these results, a measurement that solely employs the cross-correlation coefficient may 
give an indication of the relative perceived source width of a number of stimuli, as long as the 
overall level or loudness of the stimuli is constant. However, if an absolute measurement is 
required, then it appears that the loudness or level of the stimuli also needs to be taken into 
account. 
1.2.3 Further development of this measurement 
 
The interaural cross-correlation measurements that have been mentioned so far were implemented 
using a variety of time windows (t1 to t2 in Equation 1.4) and source signals. Hidaka, Beranek and 
Okano investigated the effect of measuring different time windows of an impulse response for 
quantifying different attributes of the acoustical properties of concert halls [Hidaka et al. 1995]. 
They were primarily interested in separating the measurement into two segments; one containing 
the direct sound and early reflections, which related to the perceived sound source, and one 
containing the remaining reverberation, which would be perceived independently.  
 
For the early part of the impulse response, they found that starting the time window from the 
arrival of the direct sound resulted in a larger range of values in real situations. Also, a 
measurement excluding the direct sound from a single source in an anechoic chamber gave an 
interaural cross-correlation of 0, which incorrectly indicated a very diffuse or unlocalised source. 
They found that the optimum window length was between 50 and 200 ms, as the results across this 
range were relatively constant and largely different from the results outside this range. They settled 
on the value of 80 ms, as this matched the research into lateral energy measurements as discussed 
in Section 1.1. For the reverberation segment, they proposed that the time window should begin at 
the end of the early reflection time window (80 ms after the arrival of the direct sound) and extend 
to 750 ms after the arrival of the direct sound. This latter figure was based on observations that the 
interaural cross-correlation of impulses measured in a number of concert halls did not noticeably 
change if the impulse response beyond this time was included in the measurement. It must be 
noted that this conclusion was reached by making a number of cross-correlation measurements of 
different lengths that started at 80 ms into the impulse responses, and that if an alternative starting 
point had been used then this result may have been different. 
  
  
 
1 A review of existing measurements that relate to spatial impression 
 Page 29 
Hidaka, Beranek and Okano also investigated the frequency range over which the interaural cross-
correlation should be measured [Hidaka et al. 1995]. They found that three separate octave bands, 
centred on 500, 1000 and 2000 Hz, were most effective. Below this frequency range, the measured 
results rose rapidly towards a value of 1 and did not differentiate between the measured halls as 
much as the higher frequencies. For the upper frequency limit, it was not expected that frequencies 
above this range would contribute to the perceived source width, in line with the research of 
Blauert, Moebius and Lindemann [Blauert et al. 1986].  
 
Therefore Hidaka and his colleagues proposed two measurements. [1 – IACCE3] 6 was the 
maximum absolute value of the interaural cross-correlation coefficient (shown in Equation 1.4), 
calculated for an impulse response from the arrival of the direct sound to 80 ms later, across a 
range of τ = ±1 ms and over three octave frequency bands centred on 500, 1000 and 2000 Hz. 
They related this metric to the perceived source width. [1-IACCL3] was a similar measurement, 
though this was measured from 80 to 750 ms after the arrival of the direct sound, and was related 
to the diffusivity of the sound field.  
 
Okano, Beranek and Hidaka attempted to correlate the measurements of [1-IACCE3] with the 
perceived source width of musical stimuli in laboratory experiments [Okano et al. 1998]. They 
positioned a number of loudspeakers in an anechoic chamber and reproduced a number of 
anechoic orchestral excerpts as the direct sound, together with a number of early reflections of 
which the characteristics were varied. There were situations in which the [1-IACCE3] measurement 
failed to correspond with the observed changes in the perceived source width. However, for a large 
number of the tests that were conducted, the measurements closely matched the subjective results. 
 
Hidaka, Beranek and Okano also attempted to relate subjective judgements of the overall acoustic 
quality of concert halls with the measurements of [1-IACCE3] and [1-IACCL3] [Hidaka et al. 1995]. 
They found that the average of the [1-IACCE3] measurements in each hall differentiated well 
between the three main classes of halls that were grouped according to their overall acoustic 
quality. They also found that the average of the [1-IACCL3] measurements in each hall 
differentiated well between some of the halls in each class, though Beranek found that the 
deviation in the measurement results was small and that the correlation with the subjective 
judgements was poor [Beranek 1996].  
 
                                                          
6 The purpose of the inversion of the interaural cross-correlation measurement is to give a positive 
correlation with the subjective effect. 
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As noted in [BS EN ISO 3382 2000], the subjective attribute or attributes to which the 
measurements based on the interaural cross-correlation coefficient should be applied have not yet 
been agreed unanimously. It was concluded in this standard that the two subjective attributes of 
spatial impression are source broadening (perceived source width) and envelopment, and these 
were related to the early and late time segments of the interaural cross-correlation measurement 
respectively. This is similar to the conclusions of Hidaka, Beranek and Okano that were discussed 
above. However, the recommended audio bandwidth over which to make the measurement was 
from 125 to 4000 Hz, a wider range than was found practical by Hidaka and his colleagues. 
 
It appears from this research that the measurements that are based on the interaural cross-
correlation coefficient may be useful in quantifying some of the spatial attributes of concert hall 
acoustics, though it has not yet been concluded how best to implement the measurement. Recent 
research has related the measurements of the early part of the impulse response to the perceived 
source width and the later part of the impulse response to the envelopment or diffusivity of the 
sound, in a similar manner to the separate time segments of the lateral energy measurements.  The 
research has indicated that there is a strong relationship between the early interaural cross-
correlation measurement and the perceived source width (though this is also dependent on the 
loudness of the stimulus). However, the relationship between the late measurement and the 
perceived diffuseness of the reverberation has not been confirmed so far.  
 
1.3 Discussion 
 
The research outlined above focused on two types of objective measurement that relate to the 
perceived auditory spatial attributes of concert halls; those based on lateral energy and those based 
on interaural cross-correlation metrics. It has been demonstrated that these measurements were 
derived from disparate viewpoints, yet they are almost identical in their intended application. In 
order to discover whether they are in some way inter-related, it is useful to further investigate the 
similarities and differences between the measurements. In addition to this, it is important to 
consider whether the measurements can be applied to sound reproduction, and if so, what type of 
measurement will be most appropriate and how it might be applied. 
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1.3.1 Relationship between the lateral energy and interaural cross-correlation 
measurements 
 
Even though the measurements that are based on quantifying the lateral energy or interaural cross-
correlation are very different, it is apparent that they are similarly influenced by lateral reflections 
[Kuttruff 1991]. The results of Ando showed that lateral energy, in the form of reflections arriving 
from the side of the subject, lowered the measured interaural cross-correlation coefficient 
compared to when there was solely the direct sound from directly in front [Ando 1998]. Ando 
found that the angles of incidence of the reflections that caused the lowest cross-correlation values 
were dependent on the frequency of the audio signal. For narrow-band noise stimuli that consisted 
of a direct sound and a pair of symmetrically positioned reflections, it was found that, at 500 Hz 
and below, the lowest measured interaural cross-correlation coefficient was created when the 
reflections were positioned at ±90º from the median plane. As the audio frequency increased, it 
was found that the minimum value of the measured interaural cross-correlation coefficient was 
created when the reflections were positioned closer to the median plane (at approximately ±50º for 
1 kHz, ±35º for 2 kHz and ±15º for 4 kHz) [Ando 1998]. This is different to the lateral energy 
measurement that was developed by Barron and Marshall, as they did not did not consider 
different frequency ranges. They concluded that the largest difference was always caused when the 
reflections were positioned directly to the side of the subject at ±90º from the median plane 
[Barron and Marshall 1981]. 
 
Therefore it can be seen that, whilst the lateral energy and interaural cross-correlation 
measurements are similar, they are not affected identically by certain acoustical parameters. This 
can also be seen in their application in more complex sound fields. 
 
Bradley conducted a detailed investigation into the relationship between the results of the lateral 
energy and interaural cross-correlation measurements for a number of concert halls [Bradley 
1994]. He measured the Lf and [1-IACCE] in one-octave frequency bands centred on 125 to 4000 
Hz in a number of different seating positions. He found that the averages of each measurement for 
each hall were well correlated with each other for the frequency bands centred on 1000 Hz and 
lower, with correlation coefficient values ranging between 0.75 and 0.85. However, the correlation 
between the two measurements in each individual receiver position was much lower, with a range 
of correlation coefficient values for the lower four frequency bands of 0.48 to 0.62. 
 
Okano, Beranek and Hidaka compared how the lateral energy and interaural cross-correlation 
coefficient measurements matched the subjective judgements of perceived source width for 
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musical stimuli with various early reflection patterns [Okano et al. 1998]. They found that the 
results of the Lf, averaged over four one-octave frequency bands centred on 125, 250, 500 and 
1000 Hz, were broadly similar to the results of the [1-IACCE3] for most of the experimental 
stimuli. However, there were cases in which the Lf measurement did not match the subjective 
results as accurately as the [1-IACCE3], particularly when the number of early reflections was 
altered. 
 
Therefore it appears that the results of the lateral energy and interaural cross-correlation 
measurements are not highly correlated in all situations. There have been no direct comparisons of 
both measurements with the subjective spatial attributes of specific positions in concert halls. 
However, the research of Okano, Beranek and Hidaka that was conducted using an acoustical 
environment simulation, as discussed above, indicated that [1-IACCE3] predicted the perceived 
source width in more situations than Lf. 
1.3.2 Application of concert hall measurements using impulse responses 
 
It is interesting to note that both the lateral energy and interaural cross-correlation measurements 
are implemented by analysing the impulse responses from one or more source positions to one or 
more receiver positions in a concert hall, as recommended by [BS EN ISO 3382 2000]. Whilst this 
is an established method, it may not necessarily be relevant for relating objective measurements to 
a perceivable effect. The reason for this is the dissimilarity between an impulsive signal and the 
majority of the types of programme material that will be produced in a concert hall during 
performances. This difference is important, as impulsive sounds are rare in the normal experience 
of concert hall acoustics [Barron 1999]. For the purpose of this discussion, an impulsive signal is 
defined as a transient signal of short duration, with a spectral content that is atonal and that covers 
a wide frequency range. 
 
The differences in the durations of a transient, wide-band impulse and a relatively continuous tonal 
musical signal cause the reverberant space to be excited differently. The effect of the duration of 
source signals on the measured interaural cross-correlation was investigated by Yanagawa, 
Yamasaki and Itow [Yanagawa et al. 1988]. They found that when continuous signals were used, 
the maximum measured correlation value changed rapidly at first, and then more slowly as more 
reflections of the direct sound reached the receiver, until a steady-state value was reached. This 
can be explained by the following; as each reflection arrives at the receiver position, it will interact 
with the direct sound, which causes the signals that reach the receiver to change as each new 
reflection arrives. If a simplistic model of a reverberant decay is assumed, such that reflections that 
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arrive later will be of a lower level, then the earlier reflections may cause a large change in the 
signal that reaches the receiver, whereas the reflections that arrive later will cause a lesser change. 
Therefore, over the duration of time that new reflections of the direct sound arrive at the receiver, 
the variation in the total signal at the receiver changes less and less, until a point where the signal 
that reaches the receiver becomes steady-state. A simplified diagram of this, based on a diagram 
that was used by Griesinger [Griesinger 2001], is shown in Figure 1.8. 
 
Figure 1.8: Simplified diagram of a relatively continuous sound source signal and the 
associated reflections, together with a plot of the overall signal level that reaches a receiver, 
and an estimation of the results of an objective measurement that relates to the perceived 
spatial attributes of the space (adapted from [Griesinger 2001]). 
 
For a source signal that was short, Yanagawa, Yamasaki and Itow found that the sound field did 
not reach a steady-state [Yanagawa et al. 1988]. This is caused by the direct sound that arrives at 
the receiver ending quickly, which means that the system of reflections is not being driven 
continuously, and that the different reflections that arrive at the receiver will cause the total signal 
to vary a large amount over the period of the reverberant decay. This is shown in Figure 1.9. 
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Figure 1.9: Simplified diagram of a relatively transient sound source signal and the 
associated reflections, together with a plot of the overall signal level that reaches a receiver, 
and an estimation of the results of an objective measurement that relates to the perceived 
spatial attributes of the space (adapted from [Griesinger 2001]). 
 
The difference in the frequency spectrum between the wide-band impulsive signals and tonal 
musical signals also causes the reverberant space to be excited differently. Firstly, musical signals 
are mostly periodic in nature, whereas wide-band noise or impulsive signals are generally random 
over time. This means that the direct sound of the musical signal will interact with the reflections 
in a manner that depends on the precise frequency content of the signal, as well as the reflection 
pattern of the acoustical environment. Small variations in either of these parameters may cause a 
significant change in the measured result. On the other hand, the random nature of the wide-band 
impulsive or noise signal is less dependent on the precise reflection pattern of the acoustical 
environment. This may be an advantage for a measurement, as quantification of the response of the 
room with a wide-band signal will show less variation than using a musical signal. However, 
whilst a number of musical signals may have to be measured in each acoustical environment in 
order to achieve a representative result, the wide-band measurement may differ significantly from 
the musical measurements, and as such will not match the perceived effect of musical signals. 
Secondly, a musical signal could include variations in pitch, spectral content or level during the 
Time 
Overall level 
Result of spatial measurement 
Direct Sound 
 Reflections 
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note that might also cause variations in the measured results that are not present with impulsive 
signals. 
 
Griesinger found that the difference between musical or impulsive signals caused large differences 
in the results of concert hall measurements [Griesinger 1997]. He observed that the interaural 
cross-correlation that was measured by using a musical signal usually gave lower values than if the 
equivalent impulse response was measured.  
 
If the measurement result of a musical stimulus was similar or could be derived directly7 from the 
measurement of the impulsive stimulus, then a measurement of the impulse response may be 
sufficient to predict the perceived spatial effect of musical stimuli. However, if it is assumed that it 
is the properties of the musical signal that causes the subjective effect, and that the result of a 
measurement of this signal is different to the result of a measurement of an impulse in the same 
space, then in order to predict the subjective effect of the musical signal in a specific concert hall 
under measurement, it would be preferable to measure this musical signal. In this way, it may be 
more appropriate to measure the properties of items of typical programme material for which the 
hall is designed (or specifically created test signals whose salient characteristics are similar). 
1.3.3 Relationship between early and late measurements 
 
The methods that are used for the two types of concert hall measurement are also similar in the 
way in which the impulse response is subdivided into early and late time segments. In both of the 
measurements, the division is made at 80 ms after the arrival of the direct sound, with the early 
part relating to the subjective attribute of perceived source width and the late part relating to the 
subjective attribute of envelopment. As discussed in Section 1.1, it was assumed that reflections 
that arrive beyond approximately 80 ms after the direct sound do not have an effect on the 
perceived attributes of the sound source, based on 80 ms being the time beyond which a reflection 
may be perceived to be a disturbing echo with a musical stimulus. The relationship between the 
reflections that arrive later and the perceived envelopment was based on the research of Bradley 
                                                          
7 It is noted that the properties of the musical stimulus could be calculated by convolving the 
stimulus with the concert hall impulse response and then measuring the result. However, the 
current practice is to measure the properties of the impulse response directly and to assume that 
this is indicative of the subjective effect that will result from programme material in the acoustical 
environment. 
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and Soulodre, outlined in Section 1.1. This showed that the stimuli were perceived to be more 
enveloping when the reverberant energy arrived later after the arrival of the direct sound. 
 
However, there is evidence to suggest that this time-based division is not suitable for three reasons. 
Firstly, it was shown that the two time segments do not affect the perceived source width and 
envelopment independently. Secondly, the use of a single time for the division may not be suitable 
in all situations. Finally, it has been argued that the division between the source and environment-
related subjective attributes is dependent on perceptual grouping or streaming, rather than a time-
based process. These factors are discussed below. 
 
Bradley and Soulodre examined how variations of the early and late time segments had an effect 
on the perceived source width [Bradley and Soulodre 1995a]. They found that the differences in 
perceived source width that were caused by modifying early reflections were more difficult to 
perceive in the presence of reverberation. They used a simulation of a direct sound that consisted 
of an anechoic orchestral recording, together with early reflections and reverberation that were 
reproduced over loudspeakers in an anechoic chamber. The distribution of the early reflections 
(quantified by Lf) and the level of the reverberation with respect to the direct sound and early 
reflections (quantified by the metric C80 [BS EN ISO 3382 2000]) were varied independently. The 
subjects listened to the stimuli in pairs and were asked to rate the difference in perceived source 
width between the two that were stimuli presented. The results are shown in Figure 1.10. 
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Figure 1.10: Mean ratings and associated 95% confidence intervals of the difference in 
perceived source width for each level of difference in Lf (from 0 to 80 ms averaged over the 
octave bands centred on 125 Hz to 2 kHz) for three values of C80, as found by Bradley and 
Soulodre (adapted from [Bradley and Soulodre 1995a]). 
 
It can be seen in Figure 1.10 that an increase in the ratio of lateral to frontal early reflections with 
little reverberant energy present resulted in a large change in the perceived source width. However, 
when there was a larger level of reverberant energy, the changes in the perceived source width 
were much smaller for the same change of lateral to frontal energy of the early reflections. 
 
Bradley and Soulodre concluded that, “because there is no clearly defined boundary between early 
and late energy, there are clearly situations where it is difficult to differentiate between an early 
and late arriving reflection and the concepts of LEV [envelopment] and ASW [perceived source 
width] must correspondingly overlap” [Bradley and Soulodre 1995a: 2268]. 
 
As discussed in Section 1.1, Barron and Marshall defined the boundary between early and late 
energy as 80 ms after the arrival of the direct sound. This was based on an estimate of the 
maximum delay duration below which a reflection would not be perceived to be an echo for a 
musical stimulus. However, it is apparent that this single value for the echo threshold is not valid 
for all conditions or for all source signals.  
 
Firstly, it must be considered whether the reflection that arrives beyond 80 ms after the arrival of 
the direct sound is the first reflection. If the first reflection arrives at the listener 100 ms after the 
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arrival of the direct sound, then it may be perceived to be an echo. However, if there were other 
earlier reflections, then the particular reflection after 100 ms is unlikely to be perceived to be an 
echo, unless it is particularly prominent [Roy and Gimbott 1993].  
 
Secondly, the probability of a reflection being perceived to be an echo is dependent on the 
characteristics of the direct sound [Blauert 1997]. For example, if the sound source is a click, then 
a delayed version of the click, of equal level to the original, arriving less than 3 ms after the direct 
sound may be perceived to be an echo [Babkoff and Sutton 1966].  For speech stimuli, the 
maximum delay before an echo is heard for a reflection of equal level to the direct sound extends 
to between 30 and 50 ms, depending on the overall level [Lochner and Burger 1958]. For musical 
signals, the delay time before a reflection is perceived to be an echo depends on the specific 
extract. Cox found that, when using percussive music, a reflection of equal loudness to the direct 
sound could be perceived to be an echo when the delay was only 20 ms [Cox 1984]. The 
experimentation of Dietsch and Kraak resulted in a range of 50 to 175 ms for four varied musical 
extracts [Dietsch and Kraak 1986].  
 
The above examples all related to a reflection that was of equal level to the direct sound. However, 
in real acoustical environments the reflection will usually be at a lower level than the direct sound, 
due to the absorption and diffusion of the reflecting surface, as well as the losses that are caused by 
the further distance that is travelled by the reflection [Howard and Angus 2001]. The lower level 
of the reflection compared to the direct sound will mean that the delay time of the threshold of the 
perception of an echo will be longer [Blauert 1997]. 
 
Therefore, it can be seen that the use of 80 ms after the arrival of the direct sound as a division 
between reflections that may cause a perception of an echo is somewhat arbitrary, as it is 
dependent on whether there are preceding reflections, the level of the reflection and the type of 
stimulus. 
 
This time-based division is intended to separate the reflections that will be perceived to be part of 
the sound source and that affect the properties of the source, from the later-arriving reverberation 
that will be perceived separately [Bradley and Soulodre 1995a]. As the research that is outlined 
above indicates that a single time-based division may not be appropriate, it may be more suitable 
to use an alternative method such, as that which was proposed by Griesinger. This method is based 
on applying the principles of perceptual grouping or streaming to divide the source-related and 
environment-related aspects of the sound field [Griesinger 1997]. 
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The combination of different parts of an auditory scene into a number of perceptual groups or 
streams has been investigated in detail by Bregman [Bregman 1990]. Auditory streaming is an 
analysis of the way in which human perception organises a complex sound field into an 
understandable collection of events or objects. In this way, similar sounds are ‘grouped’ to be 
perceived as being from a single source, with the process of similarity based on cues such as 
frequency, time and location.  
 
Griesinger theorised that human perception of music in an acoustical environment separates the 
event into two auditory streams, a foreground stream and a background stream. The foreground 
stream includes the direct sound and early reflections, and the background stream is the 
reverberation of the acoustical environment [Griesinger 1997]. He argued that if a musical or other 
stream of sound from a source was continuous or almost continuous, then the ‘background spatial 
impression’ (which may be interpreted as the reverberation) would be masked by the sound source 
[Griesinger 1999]. Therefore, a sound that reaches the ears during the stream of sound from a 
single source (which consists of both the direct sound and the reflections from the acoustical 
environment) would be likely to be perceptually grouped as a single entity. Based on this, 
Griesinger hypothesised that the characteristics of the signals (including all the present reflections) 
that arrive at the ears during the stream of direct sound would be likely to be perceptually grouped 
as a being a part of the source and therefore should affect the perceived attributes of the source8 
[Griesinger 1996].  
 
In other words, all the reflections that are created by the acoustical environment may contribute to 
the perceived effect of the sound source, as long as they arrive during the duration of the direct 
sound. Based on this, if a sound is continuous, then there will be no maximum delay time beyond 
which a reflection will not contribute to the perceived spatial impression of the source. On the 
other hand, if a sound is short, the majority of the reflections will be perceived to be a separate 
reverberant decay. In this way, a single time-based division is inappropriate, and the actual time 
after the arrival of a start of a particular sound at which the division should take place is dependent 
on the characteristics of the sound source signal.  
 
This further supports the evidence that was discussed in Section 1.3.2, that it may be preferable to 
measure the characteristics of musical signals rather than impulse responses. Based on the 
discussion above, it appears that the measured result from an impulse response may only be 
                                                          
8 It is not yet clear whether this will be the case for all source signals and in all situations, and 
further research is needed to investigate this. 
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relevant for similar impulsive signals. If a measurement is required to relate to a specific 
subjective effect then measurement of a signal more similar to the representative programme 
material may be more appropriate.  
 
However, music can be made up of a combination of continuous and transient components, and the 
specific combination of these and the likely duration of each is dependent on the style of the 
music. It is also likely that complex music, such as orchestral music, may contain concurrent 
continuous and transient aspects whose interaction cannot be explained by the simplistic model 
that is outlined above. This may explain the results of Bradley and Soulodre, that showed that the 
perceived source width was dependent on both the early reflection pattern and the level of the 
reverberation. In this case, the more continuous components of the musical source signal caused 
the perceived source width of the stimuli to be affected by the characteristics of the reverberation 
that arrived beyond 80 ms after the arrival of the direct sound. On the other hand, the results of the 
experiment that showed increasing perceived envelopment with later reverberation could have 
been influenced by the more transient components of the musical source signal, the reflections of 
which may have been perceived to be a separate reverberation.  
 
This means that in order to measure a complex signal, research is required to determine how to 
separate the components of the signal that will be subjectively grouped as part of the sound source 
and the components that will be subjectively grouped as part of the reverberation. As an 
alternative, specific test signals could be created with known properties, though research is also 
required to investigate whether the complexity of the large range of musical programme material 
can be represented meaningfully with a small subset of examples or test signals.  
 
Therefore, it appears that an auditory streaming or grouping approach to quantifying the spatial 
effect of source or room-related components may produce results that are more similar to the 
subjective effect than the current technique of measuring the characteristics of different time 
segments of a concert hall impulse response. However, further research is needed before this 
approach can be applied consistently and accurately. 
1.3.4 Application of concert hall measurements in sound reproduction 
 
The research that is outlined above has concentrated solely on measurements of concert hall 
acoustics. It is therefore important to consider whether these techniques can be applied to 
reproduced sound, and if so, to evaluate how they may be applied most effectively.  
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The most favourable situation in which a concert hall measurement may be directly applied to a 
sound reproduction is when the reproduction system is attempting to recreate the auditory cues of a 
concert hall in the listening room. This may be considered as the recording and reproduction 
paradigm of ‘you are there’, where the intention of the reproduction is to deceive the auditory 
senses of the subject who is located in the listening room, so that the perception is the same as if he 
or she was listening to a live musical source in the concert hall. In this situation, the aim of the 
recording and reproduction is to recreate a sound field at the ears of the listener that is perceptually 
similar to one that would have been experienced at the concert venue. 
 
If the recording and reproduction system manages to create a sound field around the listener in the 
reproduction room that is physically identical to that which occurred in the original concert hall, 
then it is reasonable to expect that any acoustical measurements that were made of the sound fields 
in each room would give identical results. In this case, any of the concert hall measurements can 
be directly applied to the reproduction, though the measurement will quantify the properties of the 
original acoustical environment, as the reproduction is a direct replication of this.  
 
However, based on technology that is current readily available that uses loudspeaker reproduction 
in conventional rooms, it is unlikely that a reproduction system would be able to reproduce the 
concert hall sound field exactly. For instance, the reflections from the reproduction acoustical 
environment will superimpose themselves on the recorded signal, which will affect the sound field 
at the listening position. Even though it is not possible to reproduce the concert hall sound field 
exactly, it is possible to reproduce some of the physical attributes of the sound field in a manner 
that is similar to the original. The success of the reproduction in being perceptually similar to the 
original auditory event then depends on simulating the most salient cues for subjective perception 
as accurately as possible. 
 
If these salient physical cues have been reproduced sufficiently, the subjective perception in the 
listening space will be the same as the original. On the other hand, the physical attributes that are 
not necessary for emulating the subjective perception may not be simulated accurately, or indeed 
at all. In this situation, a concert hall measurement may still be applied, even though the 
reproduced sound field is not an exact replication of the original sound field. As long as the 
measurement relates to the salient physical cue that creates a certain subjective effect, then the 
relationship between the subjective effect and the objective measurement should be independent of 
the method in which the cue is created. 
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This approach can be applied to the two categories of concert hall measurement that were 
discussed above. The first type of concert hall measurement related the properties of the concert 
halls themselves to a particular subjective effect. The research concluded that the characteristics of 
the reflections from the hall boundaries cause a particular perceived source width and 
envelopment. This measurement technique is not directly applicable to all types of sound 
reproduction, as psychoacoustic cues can be simulated to give the subjective impression that a 
sound is arriving from a direction in which there is no source. For instance, artificial cues for 
localisation can be generated from loudspeakers that are located in front of the subject, but that 
create a perception of a source or an acoustic reflection that arrives from the side [Cooper and 
Bauck 1989]. In this case, a subjective perception may be created which is consistent with lateral 
reflections, though the lateral energy measurements will register that the acoustic energy arrives 
from the loudspeakers that are positioned in front of the subject, with no energy arriving from the 
side. Therefore, in this situation, the relationship between the lateral energy and perceived spatial 
impression breaks down due to the artificial simulation of the necessary psychoacoustic cues. 
 
On the other hand, the second type of measurement may still be applied in this case. This 
measurement technique is based on relating specific properties of the signals that reach the ears of 
the subject to certain subjective attributes. Psychoacoustic cues that are used to simulate artificial 
spatial attributes are based upon creating the salient characteristics of the signals at the ears of the 
subject. Therefore a measurement of the signals that arrive at the ears that relates to that attribute 
will still relate to the perception. However, there may still be a problem if the measurement does 
not accurately relate to the specific physical cue or cues that create a certain subjective effect, but 
instead to one which is closely correlated in natural acoustical environments. 
 
For instance, it is possible that a measurement technique that works well for predicting subjective 
spatial impression in a concert hall may not be measuring the actual physical attribute which 
causes the subjective effect, but one which correlates closely in natural acoustical environments. 
The reproduction system may be accurately simulating the attributes that cause the subjective 
effect, though it may not be simulating the attribute that the measurement technique quantifies. 
Therefore, a measurement that works well in a natural acoustical environment may not necessarily 
work well for a reproduction of the natural acoustical environment.  
 
On the other hand, if a measurement technique accurately quantifies the salient physical cue or 
cues that create a certain spatial effect and successfully predicts the subjective spatial impression 
in a concert hall, then it should work in all natural and reproduced sound fields. The reason for this 
is that there should be a constant relationship between the physical cue and the perceived effect, 
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such that if the cue is not present in the sound field, then the subjective effect will not be 
perceived. Therefore the challenge is to discover, as accurately as possible, the precise physical 
cues to which the perceptual system responds. 
 
If a successful measurement technique that is closely related to the subjective perception can be 
developed, then there will still be issues to consider in how to apply this measurement to sound 
reproduction. As mentioned above, the simplest manner in which to apply a measurement that was 
developed for quantifying the subjective effect of concert hall acoustical environments would be to 
quantify the physical attributes of a reproduction of the concert hall acoustical environment within 
the listening room. If the measurement is applied in this manner, the measurement will quantify 
the properties of the whole system, including the original concert hall acoustical environment, the 
recording technique, and the reproduction system including the reproduction acoustical 
environment. This is shown in Figure 1.11. 
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Figure 1.11: Block diagram of the principal factors in the sound recording and reproduction 
chain. 
 
If a measurement is made at the receiver position in the listening room in the block diagram, then 
the measurement will include the effects of all the factors of the original performance acoustical 
environment, the recording and processing parameters, and the reproduction system. This method 
of measurement may be useful for evaluating the parameters of sound recording and reproduction 
in two ways.  
 
Firstly, if the recording and reproduction system is intended to recreate the perception of being in 
the original performance space as accurately as possible, then measurements that are made in the 
original acoustical environment and the reproduction acoustical environment can be compared to 
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evaluate the accuracy of the reproduction. Furlong used this approach to quantify the ability of 
various recording and reproduction systems to accurately recreate the sound field of a concert hall 
in a listening room [Furlong 1989]. He used a set of objective measurements that was based on the 
concert hall preference index that was developed by Ando, that included the listening level, initial 
time delay gap, reverberation time and the interaural cross-correlation. This preference index was 
calculated and averaged over a number of points in both the performance acoustical environment 
and the reproduction acoustical environment, and the difference between the results from each 
environment was used as an indication of the accuracy of the recording and reproduction method. 
The measured results were not compared with the subjective effect of each system, but it was 
found that the measurements followed a predicted trend. 
 
Secondly, if the influence of varying a single parameter of the recording and reproduction chain is 
required, then measurements can be made in the reproduction space both before and after the 
change, and the results can be compared. The author is not aware of a precedent for this type of 
measurement process for reproduced sound, as the majority of audio measurements are made in an 
absolute manner rather than this relative and comparative manner. However, until measurements 
that relate to spatial impression have been sufficiently developed for reproduced sound, a 
meaningful absolute measurement may not be possible. 
 
In both of these cases, the measurement includes the influence of all the parameters in the sound 
recording and reproduction chain, including the sound source and signal, and the original 
performance acoustic. These concert hall measurement techniques have also been applied directly 
to the reproduction systems, including the work of Bareham [Bareham 1996] and Martin et al. 
[Martin et al. 1999]. These measurements were either derived from calculating the impulse 
response from the loudspeakers to the binaural receiver, or by reproducing a noise signal through 
the loudspeakers and measuring the sound field at the binaural receiver. However, there are a 
number of potential problems of applying these measurements directly to the sound reproduction 
system in this manner. 
 
Firstly, the optimum spatial characteristics of the sound reproduction system are not yet known. It 
may be preferable to reproduce the original acoustical environment in the listening space as 
accurately as possible, meaning that the sound reproduction should not alter the characteristics of 
the recorded signals. As mentioned above, this would require reproduction in an anechoic 
environment, so that the reflections of the reproduction acoustical environment are not 
superimposed on the recorded acoustical environment. It may be preferable that the reproduction 
system is made as similar as possible to the control room that was used for the recording and 
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mastering of the programme material, such that the listener experiences the sound as it was 
intended by the producer or musician. It may be that the sound recording and reproduction systems 
should be designed in a complementary manner, so that the original acoustical environment is 
recreated as accurately as possible in the listening room. It may be that the sound reproduction 
should maximise certain physical cues in order to be preferred. However, the preferred value may 
not be the same for all types of music, as is the case for reverberation time [Beranek 1996], 
meaning that the system would have to be adapted for each type of music. From this, it can be 
concluded that the optimum spatial characteristics of the sound reproduction system cannot yet be 
stated. As such, a measurement of the reproduction system itself may give an indication of the 
subjective properties, though conclusions about the suitability of a certain measured value cannot 
be made without further research. 
 
Secondly, the source signal is an important factor of the final result. For instance, an identical 
signal that is fed to two loudspeakers that are positioned in the conventional two-channel 
arrangement at ±30º from the median plane in front of the subject will measure and be perceived 
differently to two different signals fed to the two loudspeakers. If psychoacoustic processes such 
as cross-talk cancelling [Cooper and Bauck 1989] are employed, then even larger differences may 
be created. From this, the measurement of a single type of signal may not be sufficient to evaluate 
the wide range of signal types that may be reproduced over the system. 
 
Thirdly, there may be a complex interaction effect between a number of parameters in the 
recording and processing techniques together with the configuration of the reproduction system. 
For instance, it could be that for one recording configuration a given change in the reproduction 
system causes a rise in the measured value, whereas for a different recording configuration the 
same change will lower the measured value. This again means that a single measurement cannot 
predict the subjective effect that will be caused by a wide range of programme material. 
  
Therefore, it is apparent that the optimum configuration of the reproduction system is not yet 
known, and it is likely to be dependent on the characteristics of the programme material and the 
recording and processing used. It may be that representative programme material or test signals 
can be developed which represent a range of types of programme material for which the given 
reproduction system will be employed. However, in order that a meaningful measurement of the 
reproduction system can be made, much further research is needed.  
 
The discussion so far has mainly focused on applying the measurements to reproductions of a 
concert hall measurement in a listening room, as this is the simplest and most direct method of 
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using the measurements that are designed for concert halls for sound reproduction. It may be 
possible to apply some of the measurements to programme material that does not include an 
original acoustical environment, such as synthesised and electroacoustic music. However, further 
consideration is required on how to apply the measurements that have been developed specifically 
for room acoustics to source signals that may not contain an impression of an acoustical space.  
 
Therefore, based on current knowledge, it is proposed that the most suitable method for applying 
the measurements that were developed for concert hall acoustics to sound reproduction is to 
quantify the attributes of reproductions of concert hall acoustics. If the accuracy of the recording 
and reproduction method is of concern, then measurements of the original and reproduced sound 
fields can be compared. However, if the effect of different recording or reproduction components 
is required, then the effect of altering these components can be measured accordingly.  
1.3.5 Limitations of the interaural cross-correlation measurement for sound reproduction     
 
It appears from the discussion outlined in Section 1.3.4 that the measurement technique that is 
based on the interaural cross-correlation coefficient may be the most successful of the two types of 
concert hall measurement for use in sound reproduction. However, there are also a number of 
limitations to this metric that must be considered for this application. 
 
Firstly, the research of de Vries, Hulsebos and Baan found that the measurement results of the 
interaural cross-correlation coefficient varied greatly across the width of a concert hall [de Vries et 
al. 2001]. This was also discovered by Okano, Beranek and Hidaka, who found that the interaural 
cross-correlation coefficient varied enormously around the centre line of a hall [Okano et al. 
1998]. They showed that, for frequencies above 500 Hz, measurements that were made within 1 
metre of the centre line were very different to the measurements that were made in the rest of the 
hall, and that, for frequencies down to 125 Hz, the area of anomalous results extended to 5 metres 
from the centre line. De Vries, Hulsebos and Baan suggested from experience that these changes in 
the measured interaural cross-correlation coefficient would not be perceived to be a change in the 
subjective spatial impression [de Vries et al. 2001]. If this is the case, then it is evidence of a 
limitation of the cross-correlation that requires consideration when applying the measurement. 
 
This limitation may affect the application of the cross-correlation measurements to sound 
reproduction, though this has not yet been investigated. If it is the case that the array of 
microphones that is used to record the performance acoustical environment must be positioned 5 
metres from the centre line of the hall in order for the measurement that is made of the reproduced 
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sound to be accurate, then this will be inconvenient though achievable. However, if the 
measurement of the sound reproduction in the listening room also needs to be made at least 5 
metres from the centre line of the room, then this will be severely restricting, given the dimensions 
of most standardised listening rooms. Therefore the extent of the inaccuracies that are caused by 
interaural cross-correlation measurements that are made close to the centre line of a room may be a 
problem for application to sound reproduction.  
 
Secondly, measurements of the interaural cross-correlation coefficient of low audio frequencies 
have little variance compared to higher audio frequencies. As the audio frequency falls from 
approximately 500 Hz, the resulting interaural cross-correlation coefficient measurements rapidly 
approach a value of 1 and show much less variation [Hidaka et al. 1995]. This is due to the 
relationship between the wavelength of the sound and the fixed distance between the ears [Cook et 
al. 1955]. Measurements that were made in a diffuse sound field (which was predicted to be the 
natural acoustical condition that would result in the lowest interaural cross-correlation), showed 
that the measured interaural cross-correlation coefficient is always above 0.8 below an audio 
frequency of 200 Hz [Tohyama and Suzuki 1989]. However, Martens found that varying the inter-
loudspeaker cross-correlation of a pair of subwoofers, one placed on each side of a subject, caused 
a large change in the perceived spatial impression, even though this would only cause a small 
change in the interaural cross-correlation coefficient [Martens 2001]. In addition, research shows 
that stimuli with an audio frequency of 60 Hz or lower can cause significant spatial impression, 
whereas the measured interaural cross-correlation of signals at this frequency are relatively high 
[Griesinger 1997]. This means that the relationship between the measured cross-correlation and the 
perceived width of the stimulus appears to break down at low audio frequencies. However, there is 
evidence that the psychophysical system may make up for the smaller differentiation in the cross-
correlation values at low frequencies. 
 
Griesinger noted in his experiment on the interference that is caused by a direct sound and a lateral 
reflection, that a maximum interaction is only caused by audio frequencies above 600 Hz, and that 
below this the interaction that is caused is much lower with decreasing audio frequency 
[Griesinger 1992a]. He presumed that this reduction in the peak interaction was compensated by 
the brain through experience. In addition, the research of Blauert and Lindemann, as described in 
Section 1.2, found that a given change in the interaural cross-correlation at low frequencies caused 
a larger change in the subjective effect when compared to the same change at higher frequencies 
[Blauert and Lindemann 1986a]. Therefore it appears that the human perceptual system may 
compensate for the smaller variation in interaural cross-correlation at low audio frequencies. This 
needs to be confirmed by further research, and if it is found to be the case then it needs to be 
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incorporated into the measurements of the cross-correlation in order to match the subjective effect 
more closely. 
 
 Thirdly, stimuli with a negative cross-correlation coefficient appear to separate into two segments 
or be perceived to be located within the head as found by Plenge [Plenge 1972] and discussed in 
Section 1.2. This is different to the perception of stimuli with positive cross-correlation values, and 
may therefore have to be considered in a separate manner. The unique perceptual effect of signals 
with a negative cross-correlation is not as much of an issue in the measurement of the acoustical 
properties of concert halls, as it is unlikely that a negative cross-correlation coefficient will be 
created in a natural acoustical environment. However, it is possible that a negative interaural cross-
correlation coefficient can be created in reproduced sound and therefore cross-correlation 
measurements applied to reproduced sound may have to consider this possibility.  
 
Therefore it can be seen that, whilst the interaural cross-correlation measurement may be the most 
appropriate of the concert hall measurement techniques for application to sound reproduction, a 
number of issues remain that may influence the success of the measurement in this atypical 
application. These will have to be considered when these measurements are applied to sound 
reproduction, and further research may be required to address a number of the points raised here. If 
the potential problems are insurmountable, then an alternative measurement technique may be 
more appropriate for this application. 
 
1.4 Summary 
 
This chapter reviewed the most commonly used measurements that relate to the spatial impression 
of concert hall acoustics and summarised the methods by which they were developed.  
 
Section 1.1 explored measurements of the properties of the concert halls themselves that relate to 
the perceived spatial impression. It was found that reflections that arrive from the side of the 
listener create a greater sense of spatial impression compared to those that arrive from close to the 
median plane. Within this, reflections that arrive within the first 80 ms after the direct sound are 
related to the perceived source width, and those that arrive beyond this time are related to the 
perceived envelopment of the reverberation of the hall.  
 
Section 1.2 reviewed measurements that relate the properties of the signals that arrive at the ears to 
attributes of spatial impression. It was shown from psychophysical research that the interaural 
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cross-correlation coefficient of signals affects the perceived spatial attributes of the sound. The 
application of this research to concert hall acoustics was examined, and it was found that the cross-
correlation measurement that is applied to the first 80 ms of the room impulse response is related 
to the perceived source width. It has not yet been agreed to which subjective attribute a 
measurement that is applied to the remainder of the impulse response (from 80 ms onwards) is 
related, though both diffuseness and envelopment of the reverberation have been proposed. 
 
It was shown in Section 1.3 that the two types of measurement are similar in their purpose, and 
that they are similarly affected by lateral reflections. However, it was found that individual 
measurements that were made in concert halls and simulated acoustical environments were not 
completely correlated, and that the cross-correlation measurements matched the perceived source 
width in a wider range of situations. The recommended method of application was also similar for 
the two measurement types. They are usually employed to analyse the impulse response of a 
concert hall, with the early part of the impulse relating to the perceived source attributes, and the 
later part of the impulse response relating to the attributes of the perceived reverberation. Further 
investigation of this approach indicated that this might not be the optimum measurement technique 
for predicting the perceived spatial impression for musical signals, as wide-band impulsive signals 
excite the reverberant space differently to continuous tonal musical signals. In addition, the 
division of source-related and environment-related segments of the measurement based on a single 
time metric was also shown to be unsuitable for a wide range of source signals, and an alternative 
based on auditory streaming or grouping was proposed.  
 
Finally, the task of applying the concert hall measurements to sound reproduction was considered. 
It was shown that a measurement that is based on the signals that arrive at the ears is more likely to 
succeed in this application than a measurement that is related to the properties of the acoustical 
environment. In addition, it was proposed that the most suitable method for directly implementing 
the concert hall measurements was to quantify the properties of a reproduction of a concert hall 
sound field in the listening environment. The evaluation can then, depending on the required task, 
either compare the reproduced sound field with the original sound field in the concert hall, or 
compare the effect of variations of the recording or reproduction configuration on the reproduced 
sound fields. The limitations of the interaural cross-correlation measurement for application in 
sound reproduction were also explored. This showed that whilst the interaural cross-correlation 
measurement may be the most suitable of the concert hall measurements for application to sound 
reproduction, there still are potential problems, and it is possible that an alternative method may be 
more appropriate.  
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2 An alternative physical cue that relates to perceived spatial 
impression 
 
 
The previous chapter reviewed the common measurement techniques that relate to the perceived 
spatial impression of concert halls. Of these, it was found that the interaural cross-correlation 
coefficient was most likely to be useful for analysing the properties of reproduced sound. 
However, the cross-correlation measurement does have a number of limitations, which may mean 
it is unsuitable for use in sound reproduction unless it is developed further. 
 
This chapter reviews a new measurement method that may be useful for predicting the perceived 
spatial impression of reproduced sound fields. This technique is based on quantifying the 
magnitude of fluctuations in interaural time and level difference over time. The basic theory 
behind this approach is examined, and a number of psychophysical experiments that have been 
conducted to investigate this effect are summarised. The research is then related to concert hall 
acoustics by analysing how these fluctuations are created in natural acoustical environments.  
 
The relationship between the fluctuations in interaural time and level difference and the interaural 
cross-correlation coefficient is then explored. Finally, a number of questions are raised which 
require further investigation before this measurement technique can be applied successfully. 
 
2.1 The relationship between fluctuations in interaural time and level 
difference and subjective spatial impression 
 
Blauert and Lindemann were the first to suggest that a variation in the interaural time or level 
difference of a signal over time may affect some attributes of spatial impression [Blauert and 
Lindemann 1986b]. As an interaural difference in time or level can cause a source to be perceived 
away from the median plane, they hypothesised that these cues might also be responsible for the 
perceived width of a sound source.  
 
If a continuous signal was presented to both ears and the interaural time or level difference varied 
slowly over time, then the subject would perceive this as movement. However, if the rate of 
change was faster than a few Hertz, then the subject might not perceive the change of location, due 
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to the perceptual process of ‘localisation lag’ or ‘binaural sluggishness’. This is the case when the 
human perceptual system fails to perceive movement with signals that contain rapidly changing 
interaural time or level difference cues. 
 
Blauert investigated this lag in the perception of lateralisation by using a pulse train that was fed to 
two channels [Blauert 1972]. The pulse train was modulated either in amplitude or in time by a 
sinusoidal modulation signal that was phase inverted in one channel compared to the other. By 
using headphones, these two channels were then presented to each ear of a listener. This method 
allowed the interaural time or level difference of the pulse train signal to be varied sinusoidally at 
different rates of fluctuation. A number of stimuli with various rates of time or level difference 
fluctuation were then presented, and the subjects were asked whether they could perceive the 
movement clearly. 
 
The result of the experiment was that there was an effect similar to a low pass filtering of the 
perception of movement. At low rates of fluctuation of the interaural time and level difference, the 
movement was clearly perceived, though this became less clear as the fluctuation rate was 
increased [Blauert 1972]. Griesinger elaborated on this by stating that human perception can 
follow movement of auditory location up to a rate of approximately 3 Hz for a source moving in a 
horizontal sinusoidal motion between ±45° from the median plane [Griesinger 1997].  
 
Further work was carried out in this field by Grantham and Wightman [Grantham and Wightman 
1978]. Their experiment focused on examining localisation lag and the threshold of the perception 
of movement. They used artificial noise stimuli with a frequency modulation component that was 
180º out of phase in one ear with respect to the other. This caused a sinusoidal increase and 
decrease in the frequency in one ear compared to the other, with an associated leading and lagging 
in phase. This subsequently caused a sinusoidal variation in the interaural time difference of the 
signal. For a number of different rates of modulation, they varied the magnitude of the frequency 
modulation component and asked the subjects to discriminate between the modulated noise and a 
diotic9 equivalent (the reference). Grantham and Wightman then calculated the magnitude of 
frequency modulation that was required at each modulation rate for each subject to correctly 
differentiate between the modulated noise and the reference.  
 
They found that, as the rate of the frequency modulation rose to approximately 20 Hz, the 
magnitude of modulation that was necessary to reliably discriminate the modulated signal from the 
                                                          
9 Diotic meaning that the signals that reach each ear are identical [Moore 1997]. 
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reference also rose. However, as the fluctuation frequency rose higher, from 50 Hz to 500 Hz, the 
modulation magnitude that was necessary for reliable discrimination lowered again, as shown in 
Figure 2.1.  
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Figure 2.1: Data from 3 subjects in the Grantham and Wightman experiment on the 
threshold of movement perception of noise signals with a frequency modulation component 
180º out of phase in one ear with respect to the other for a range of rates of modulation 
(adapted from [Grantham and Wightman 1978]). 
 
Grantham and Wightman were surprised about the result at higher modulation rates. They 
expected there to be a simple low pass effect, with an increasing modulation magnitude required 
for the movement to be detected as the modulation frequency increased, up to a maximum 
frequency beyond which discrimination would no longer be possible. However, the subjects 
reported that at the higher rates of modulation, it was not the perception of movement that enabled 
the discrimination, but a perception of perceived width or diffuseness.  
 
Blauert and Lindemann investigated the influence of the fluctuations in interaural time and level 
difference separately [Blauert and Lindemann 1986b]. This was achieved by examining the 
perceived ‘spaciousness’ (defined as an expansion of the perceived sound source) of a musical 
stimulus that was convolved with a number of modified binaural impulse responses of a simulated 
concert hall sound field. The binaural impulse response was created by reproducing an impulsive 
direct sound, early reflections and reverberation in an anechoic chamber and capturing the result 
using a head and torso simulator that was positioned in the middle of the chamber. The measured 
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binaural impulse response was then modified to have either equal level (removing the variation in 
interaural level differences) or equal phase (removing the variation in interaural time differences) 
in each ear10. In addition, there was an unspecified modification that created a diotic version of the 
binaural impulse response (identical in each ear). The resulting binaural impulse responses (both 
the original and the modified versions) were then convolved with an anechoic orchestral music 
recording and these were then replayed to the subjects over headphones. 
 
The subjects judged the spaciousness of the stimuli in a paired comparison test in which they 
selected which of the stimuli was more spacious. The results showed that removing the 
fluctuations in either interaural time or level difference lowered the perceived spaciousness 
compared to the original unmodified stimulus, though the perceived spaciousness was minimum 
for the diotic stimulus.  
 
Griesinger also investigated the subjective effect of fluctuations in interaural time and level 
difference over time, though his experimentation was informal and introspective [Griesinger 
1992b]. He rapidly varied the interaural level difference of a narrow-band noise signal by the use 
of a sine/cosine panpot. The result was a subjective effect that he described as “a well localized 
source in the center, with a broad diffuse room impression all around” [Griesinger 1992b: 120]. He 
then rapidly varied the interaural time difference by using a method that was not specified, and 
commented that this “also produces high room impression, but in this case the sense of the well 
defined source in the middle disappears” [Griesinger 1992b: 120-121]. 
 
From this research it appears that there is a relationship between the fluctuations over time in 
interaural time and level difference of a signal and one or more attributes of auditory spatial 
impression. However, as little research has been conducted in this area compared to the more 
established measurement techniques described in Chapter 1, the precise subjective effect of these 
fluctuations has not been elicited or described in detail. 
 
If it is the case that the fluctuations in interaural time or level difference over time are related to an 
aspect of the perceived spatial impression, then quantification of the magnitude of these 
fluctuations may be a useful additional measurement technique. Blauert and Lindemann attempted 
to relate a measurement of the magnitude of the variations in interaural time and level difference 
                                                          
10 It is not clear from the paper how this was achieved. Therefore it is impossible to determine how 
successful the elimination of interaural time or level differences was, and whether it resulted in 
any audible side-effects that could have affected the results. 
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over time and frequency to the perceived ‘spaciousness’ of a stimulus [Blauert and Lindemann 
1986b]. They conducted an experiment in which the subjective judgements of a number of stimuli 
were compared with the objective measurements of the fluctuations in interaural time and level 
difference over time. The stimuli consisted of a musical direct sound with early reflections and 
reverberation that were reproduced over loudspeakers in an anechoic chamber. This was then 
captured with a head and torso simulator and replayed to the subjects over headphones in a paired 
comparison experiment. The subjects were asked to select which, if any, of the stimuli were more 
spacious. Blauert and Lindemann found that the objective measurements of the magnitude of the 
fluctuations in either interaural time or level difference, were correlated with the subjective results 
with a correlation coefficient of 0.63. When these two measurements were combined and 
compared with the subjective results, this resulted in a correlation coefficient of 0.75. 
 
The measurements that were employed by Blauert and Lindemann were limited by the technical 
restrictions of the equipment that was available. Due to this, they could only make a measurement 
every 111 ms, meaning that the maximum frequency of fluctuation that they could measure was 
approximately 4 Hz. The results of Grantham and Wightman that were discussed above indicated 
that the fluctuations in interaural time difference of a much higher frequency are most salient for 
creating the perception of a stationary spatial impression. Therefore, the measurement of the 
fluctuations in interaural time difference (and possibly interaural level difference) that was used by 
Blauert and Lindemann may have been more successful if they could have quantified the 
magnitude of the fluctuations of a higher rate. 
 
Griesinger also attempted to relate a measurement of fluctuations in interaural time and level 
difference over time to the perceived spatial impression of concert hall acoustics [Griesinger 
1992a]. He measured the fluctuations in terms of a ‘pseudoangle’ – the position at which the 
interaural time and level difference cues would have caused the sound source to be localised at 
each moment in time, had it not been for the perceptual effect of binaural sluggishness. The 
pseudoangle was measured based on combining both the level and timing information in an 
unspecified manner. The result of this measurement was then high-pass filtered in order to make 
the measurement independent of the actual position of the sound source, and to limit the effect of 
changes in interaural time or level difference that could be perceivable as movement.  
 
Griesinger used this pseudoangle measurement to investigate the effect of variations in the level 
and angle of incidence of lateral reflections, by using stimuli that consisted of various narrow-band 
noise signals at a range of centre frequencies [Griesinger 1992b]. He found that increasing the 
level of the lateral reflections caused the magnitude of the fluctuations in the pseudoangle to 
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increase. This is similar to the results of the lateral fraction and interaural cross-correlation 
measurements as discussed in Chapter 1. For the angle of incidence of the reflection, he found that 
for audio frequencies of 500 Hz or lower, the maximum fluctuation of the pseudoangle was caused 
by a reflection arriving from 90º away from the median plane. For narrow-band noise signals that 
were centred on 1 or 2 kHz, the angle of incidence of the reflection that caused the maximum 
magnitude of fluctuations decreased to approximately 45º and 22º away from the median plane 
respectively. This is not identical to the findings of Ando as discussed in Chapter 1, but it does 
follow a similar trend. 
 
Griesinger developed his measurements further to create a metric that he termed the diffuse field 
transfer function [Griesinger 1998]. This measurement was based on fluctuations in interaural time 
difference over time and was intended for quantifying the perceived envelopment of sound 
reproduction systems in small rooms. The measure derived the interaural time difference over time 
between two binaural channels by comparing the positive zero-crossing points of the audio signals. 
This was then smoothed and averaged, in order to remove the effect of fluctuations that would be 
perceivable as movement and to highlight the range of fluctuation frequencies that Griesinger 
estimated were most salient for envelopment. This measurement was applied by reproducing 
specific test signals over a given reproduction system and measuring the result at the listening 
position. 
 
The measure was tested to prove basic functionality for a number of specific cases of subjective 
perception, including analysis of both a single stimulus in an anechoic environment and a diffuse 
stimulus of which the subjective spatial attributes can be estimated. These tests showed that the 
measurement was successful for these simple cases. However, extensive testing and correlation 
with subjective spatial parameters was not conducted.  
 
From the research that is outlined in this section, it is apparent that fluctuations in interaural time 
or level difference may be important in creating a perception of one or more attributes of spatial 
impression, and as such, a measurement of the magnitude of the fluctuations may be a useful 
technique. However, it is also evident that compared to the measurement techniques that are 
described in Chapter 1, little research has been conducted in this area. The most important area of 
research that has not yet been undertaken is formal experimentation to uncover the subjective 
effect that is caused by these fluctuations in interaural time or level difference over time. Until this 
is investigated, it will not be possible to specify which specific spatial attribute or attributes these 
fluctuations relate to, and therefore to what a measurement based on quantifying the magnitude of 
these fluctuations can be applied.  
  
 
2 An alternative physical cue that relates to perceived spatial impression 
 Page 57 
2.2 Creation of fluctuations in acoustic environments 
 
The research that has been discussed so far indicates that fluctuations in interaural time and level 
difference over time may result in the perception of some form of spatial impression. If this is 
related to the perception of acoustical environments such as concert halls, it is useful to analyse 
how these fluctuations are created in acoustical environments, and the individual factors that 
influence the properties of the created fluctuations.  
2.2.1 Interaction of a direct sound and a single reflection 
 
Fluctuations in interaural time or level difference are created by the interaction of a direct sound 
and one or more reflections [Griesinger 1992b]. This was simulated by the author by the use of a 
simple model that incorporated a source 15 metres directly in front of a binaural receiver, with a 
reflection modelled as a wall parallel to the path of the direct sound at a distance of 5 metres to the 
right of the receiver. This is shown in Figure 2.2. 
 
 
Figure 2.2: The arrangement of the source, wall and binaural receiver that were used to 
create a model of a direct sound from 15 metres directly in front of the receiver and a single 
reflection from a wall 5 metres to the right (not to scale). 
 
The model was not intended as an accurate simulation, but was aimed to approximate the salient 
cues for the purpose of demonstration. The source was assumed to have an omnidirectional 
radiation pattern, thus the level of the direct sound and the reflection was attenuated according to 
the inverse square law [Howard and Angus 2001]. The wall absorption was similar to painted 
concrete, with a fixed absorption coefficient of 0.1 at all frequencies [Everest 2001]. The head-
related transfer functions that were used to simulate the binaural receiver were taken from the set 
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of anechoic KEMAR measurements provided by Gardner and Martin [Gardner and Martin 1994]. 
As these were sampled at a resolution of 5º azimuth around the horizontal plane, the calculated 
reflection angle was rounded to fit this, for simplicity of implementation. 
 
If a sine wave arrives from a source in the median plane, and is followed by a reflection from the 
lateral plane, then the two components will interfere at the ears. The result of this is summation or 
cancellation of the two signals that reach the ears. In addition, the interaction may be different at 
each ear, due to the fact that the direct sound and the reflection arrive from different directions. 
This means that the direct sound reaches both ears at the same time and at the same level, but the 
reflection reaches the ear that is nearest to the reflecting surface before and possibly at a higher 
level than it reaches the ear that is furthest from the reflecting surface. This may cause a phase and 
amplitude difference between the signals that arrive at the ears. Figure 2.3 shows a 500 Hz sine 
tone passed through the model shown in Figure 2.2. 
 
1 1.005 1.01 1.015 1.02 1.025 1.03 1.035 1.04 1.045 1.05
-1
-0.5
0
0.5
1
A
m
pl
itu
de
Time (secs)
Signal reaching right ear
1 1.005 1.01 1.015 1.02 1.025 1.03 1.035 1.04 1.045 1.05
-1
-0.5
0
0.5
1
Time (secs)
A
m
pl
itu
de
Signal reaching left ear
 
Figure 2.3: Plot of the audio signals that arrive at each ear from a continuous 500 Hz sine 
tone with a direct sound from 15 metres in front of the receiver and a single reflection from a 
wall 5 metres to the right of the receiver. 
 
As can be seen, the interaction that is caused by the direct sound of a single sine tone and the 
single reflection is a constant phase and amplitude difference. The magnitude of the phase and 
amplitude differences would not be the same for all reflection characteristics or source signals, as 
this is dependent on the frequency of the source signal, the delay that is caused by the additional 
path length of the reflection, and the angle of incidence of the reflection. However, for a simple 
signal such as this, the interaction is constant and there will be no variation in the interaural phase 
or amplitude difference over time.  
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If a more complex source signal is used, then the frequencies that are present in the signal may 
interact with each other. This interaction can cause time and level differences at the entrances to 
the ears that vary over time. This is shown in Figure 2.4 for a source signal that consists of three 
sine tones of 480, 500 and 520 Hz that was passed through the direct sound and single reflection 
model shown in Figure 2.2.  
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Figure 2.4: Plot of the audio signals that arrive at each ear from three continuous sine tones 
of 480, 500 and 520 Hz, with a direct sound from 15 metres in front of the receiver and a 
single reflection from a wall 5 metres to the right of the receiver. 
 
For the example that is shown in Figure 2.4, it is apparent that both the interaural level and 
interaural time difference change over time. The variation in interaural level difference over time 
is clearly visible as a change in the relative amplitude of the signals, and the variation in interaural 
time difference over time is apparent as an alternate leading and lagging in the phase of the two 
audio signals.  
 
The fluctuation in interaural phase or time difference can be measured by using a consecutive 
series of interaural cross-correlation coefficient calculations, as described in Appendix B. The 
output of this measurement of the binaural signal in Figure 2.4 is shown in Figure 2.5. The 
interaural time difference (measured in milliseconds) is shown on the y-axis, for each calculation 
that was made over time on the x-axis. In order to select the most salient fluctuations, they were 
filtered with a band-pass filter from 10 to 125 Hz, as described in Appendix B.  
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Figure 2.5: Plot of the fluctuation in interaural time difference over time for the signal shown 
in Figure 2.4, calculated as shown in Appendix B and displayed on two different time axes to 
enable ease of viewing. 
 
The fluctuations in interaural level difference over time of the binaural stimulus shown in Figure 
2.4 can also be measured by using a simple difference metric of the amplitude of the left ear signal 
minus the amplitude of the right ear signal. This is then smoothed by a low-pass filter, as discussed 
in Appendix C. The output of the measurement is depicted in Figure 2.6, with the interaural level 
difference shown on the y-axis, for each calculation that was made over time on the x-axis. 
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Figure 2.6: Plot of the fluctuation in interaural level difference over time for the signal 
shown in Figure 2.4, calculated as shown in Appendix C and displayed on two different time 
axes to enable ease of viewing. 
 
The measurements that are shown in Figure 2.5 and Figure 2.6 display the variation in interaural 
time and level difference over time that can be observed in Figure 2.4 more clearly. These results 
confirm that fluctuations in interaural time and level difference can be created by the interaction of 
a direct sound and a single reflection for a more complex audio signal. 
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The relative importance of the source signal and the specific reflection configuration on the 
created fluctuations can also be explored. If the frequency characteristics of the measured 
fluctuations are calculated using a fast Fourier transform (FFT) as shown in Figure 2.7, then it can 
be seen that the predominant frequency of the fluctuations in both interaural time and level 
difference is 20 Hz. This is the same frequency as the spacing between the three sine tones of the 
original source signal, which indicates that the source signal influences the characteristics of the 
created fluctuations. 
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Figure 2.7: One-third octave smoothed FFT plot of the fluctuation in interaural time and 
level difference over time that were shown in Figure 2.5 and Figure 2.6. 
 
The relative influence of the characteristics of the reflection pattern and the source signal on the 
created fluctuations in interaural time difference over time was investigated in more detail by the 
author [Mason and Rumsey 2001]. It was found that changing the distance between the side wall 
and the receiver (thus increasing the delay and the angle of incidence of the reflection from the 
median plane) changed the pattern of the created fluctuations and therefore the resulting FFT. 
However, even with these changes it was apparent that, in most cases, the peak of the FFT 
remained at the frequency of the spacing of the three sine tones (20 Hz). This gives further 
indication that the characteristics of the source signal have as much effect on the created 
fluctuations in interaural time difference as the parameters of the single reflection.  
 
It was also apparent that, over the range of distances to the side wall that were examined, the 
magnitude of the created fluctuations in interaural time difference did not rise or fall 
monotonically. One of the reflection configurations that was tested (with a source that was 15m 
directly in front of the binaural receiver and a reflection from a wall that was 15m to the right) had 
a lower fluctuation magnitude than the others. This is due to the delay time of that particular 
reflection being almost equal to the period of the frequency spacing of the three sine tones, 
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therefore causing a lower magnitude of fluctuations to be created. This is further indication that the 
source signal also affects certain characteristics of the fluctuations in interaural time difference. 
 
As it appeared that the source signal had a significant effect on the resulting fluctuations in 
interaural time and level difference, then in order to relate the research more closely to concert hall 
acoustics, programme material more representative of that which may be auditioned in a concert 
hall was used. For this investigation, a number of musical signals were passed through the single 
reflection model that is shown in Figure 2.2 and the resulting fluctuations were analysed. Musical 
signals differ from the artificial sine tone stimulus that was used above in a number of ways. 
Firstly, they have a more complex frequency content than the sine tones. Secondly, the spectral 
content and pitch of the musical signals may vary over the length of a note, whereas the sine tones 
that were used previously were constant. Thirdly, the amplitude of the musical signals may change 
over the length of a note, in contrast to the continuous sine tones. Finally, musical signals may 
contain a continuous musical phrase that contains a number of different notes, each with individual 
frequency, envelope, amplitude and spectral characteristics. 
 
Only single notes or chords were used in this experiment, in order to limit the complexity of the 
analysis. Two differing types of signal were used, a cello note and an acoustic guitar chord, each 
chosen due to their different temporal characteristics. The cello sample was a relatively continuous 
bowed single note, and the acoustic guitar sample was a plucked chord that was allowed to decay. 
These musical samples were taken from the collection that is on the Bang and Olufsen CD that 
was created for the Archimedes project, as documented in [Hansen and Munch 1991]. They were 
recorded in mono in an anechoic environment, so as to prevent any recorded spatial or reverberant 
artefacts from affecting the results. The selected note and chord were edited from the musical 
phrases, and then processed through the same direct sound and single reflection model that was 
used for the sine tone examples above and shown in Figure 2.2. 
 
The cello note that was used for this analysis was the first note of the anechoic recording (Theme 
by Weber, Track 20 of the B&O CD). The extract is shown in Figure 2.8 as both a waveform and a 
spectrogram11. 
 
                                                          
11 The spectrogram is a plot of the amplitude by audio frequency over time. The darker shades in 
the spectrogram indicate larger amplitudes of signal at the associated frequency and time. 
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Figure 2.8: Waveform and spectrogram of the anechoic recording of a cello note. 
 
The waveform shows an initial attack to the sound, followed by a more continuous section, before 
a final decay. Throughout the note, the string is under continuous excitation by the bow, resulting 
in a changing amplitude and spectral content. Such changes are caused by the inconsistent pressure 
that results from the action of the musician and the irregularity of the bow along its length. In 
addition, it appears from the spectrogram that the pitch of the signal changes due to vibrato. The 
more complex waveform and these variations over time are in contrast to the continuous sine tones 
that were used in the previous section. This may cause a difference in the characteristics of the 
resulting fluctuations in interaural time and level difference. 
 
The anechoic cello note was passed through the same reflection model that was used in the 
previous section, with a direct sound from 15 metres in front of the binaural receiver and a single 
reflection from a painted concrete wall that was 5 metres to the right of the receiver. The source 
signal had a much wider bandwidth than the three sine tones that were used in the previous 
section. In order to enable discrimination of different fluctuations in different frequency regions, 
the audio signal was passed through a filter bank and each frequency band was measured 
individually, as described in Appendix A. In addition, the measurement of the fluctuations in 
interaural time difference is sensitive to noise, as discussed in Appendix B. This measurement was 
of a signal whose level varied over time and the measurement was made in a number of frequency 
bands, each of which contained a different level of signal. Therefore in order to limit the effect of 
the noise on the measurement, the output interaural time difference measurement was weighted by 
the audio amplitude of the signal. It must be noted that the measurement of interaural level 
difference is inherently dependent on the signal level, as it is a simple subtraction of the left ear 
signal from the right ear signal.  
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Figure 2.9 shows the measured fluctuations in interaural time difference over time and the 
associated fast Fourier transform plot for the frequency bands covering a range of centre 
frequencies from approximately 175 Hz to approximately 950 Hz. This range was chosen as it 
includes the frequency bands from the filter bank that contained a majority of the energy of the 
stimulus which lies within the frequency range of the measurement. As for the previous 
measurements of the fluctuations in interaural time difference, the results were processed by a 
band-pass filter from 10 to 125 Hz to select the most salient fluctuations and for ease of viewing. 
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Figure 2.9: Plot of the fluctuation in interaural time difference over time, weighted by the 
audio signal amplitude, calculated for the signals that arrive at each ear from an anechoic 
recording of a single cello note with the direct sound from 15 metres in front of the receiver 
and a single reflection from a wall that was 5 metres to the right of the receiver, together 
with the associated one-third octave smoothed fast Fourier transform plot. 
 
Figure 2.10 shows the measured fluctuations in interaural level difference over time for the same 
frequency range as the interaural time difference measurement (approximately 175 to 950 Hz) in 
order to allow comparison of the results. 
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Figure 2.10: Plot of the fluctuation in interaural level difference over time, calculated for the 
signals that arrive at each ear from an anechoic recording of a single cello note with the 
direct sound from 15 metres in front of the receiver and a single reflection from a wall that 
was 5 metres to the right of the receiver, together with the associated one-third octave 
smoothed fast Fourier transform plot. 
 
The most obvious difference between these results and previous measurements of the sine tones, is 
that the fluctuations in interaural time and level difference are not steady-state, but vary greatly 
over the length of the sound. This is to be expected, as the source signals differ in the same 
manner. It is also apparent that there is a large difference between the interaural level difference 
fluctuations that are created by the cello note and those created by the sine tones, with the cello 
note causing more erratic fluctuations, but of a lower magnitude.  
 
The acoustic guitar chord that was used for this analysis was the final chord from the anechoic 
recording (Etude in A minor by F. Sor, Track 14 of the B&O CD). The waveform and spectrogram 
of this stimulus are shown in Figure 2.11. 
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Figure 2.11: Waveform and spectrogram of the anechoic recording of an acoustical guitar 
chord. 
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It can be seen from the waveform that there is an initial attack to the sound as the chord is plucked, 
followed by a steady decay, until the strings are damped. In the spectrogram it can also be seen 
that, following the initial attack, the sound is of almost constant spectral content and pitch. It is 
apparent that the complexity of the spectral content is more similar to the cello note than the three 
sine tones. However, the constant spectral content and pitch is unlike the variation in the cello note 
and is more similar to the sine tones, albeit with the addition of an initial attack and a decay over 
the length of the chord. Therefore it was expected that the measured interaural time and level 
difference fluctuations would contain features that are similar to results of the measurements of 
both the cello note and the sine tones. 
 
The recording of the anechoic guitar chord was passed through the same direct sound and single 
reflection model as was used for the anechoic cello note. The fluctuations in interaural time and 
level difference over time were then measured using the same process (as described in Appendix B 
and Appendix C) and over the same audio frequency range (approximately 175 to 950 Hz) as the 
cello note to enable comparison. Figure 2.12 shows the measured fluctuations in interaural time 
difference and Figure 2.13 shows the measured fluctuations in interaural level difference. 
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Figure 2.12: Plot of the fluctuation in interaural time difference over time, weighted by the 
audio signal amplitude, calculated for the signals that arrive at each ear from an anechoic 
recording of a single acoustic guitar chord with the direct sound from 15 metres in front of 
the receiver and a single reflection from a wall that was 5 metres to the right of the receiver, 
together with the associated one-third octave smoothed fast Fourier transform plot. 
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Figure 2.13: Plot of the fluctuation in interaural level difference over time, calculated for the 
signals that arrive at each ear from an anechoic recording of a single acoustic guitar chord 
with the direct sound from 15 metres in front of the receiver and a single reflection from a 
wall that was 5 metres to the right of the receiver, together with the associated one-third 
octave smoothed fast Fourier transform plot. 
 
As expected, the measured fluctuations for the acoustic guitar chord contained features that were 
similar to both the results for the sine tones and the cello note. The clearest example is that the 
measured fluctuations for the guitar chord were relatively constant throughout the duration of the 
stimulus, albeit with a small decay. This is more similar to the continuous sine tones than the cello 
note, and is most likely to be due to the guitar chord being more continuous in terms of spectral 
content and pitch. It is also apparent that, in a similar manner to the cello stimulus, the created 
fluctuations in interaural level difference over time were much lower in magnitude compared to 
the sine tone stimulus. This is due to the musical stimuli having a wider range of frequency 
components, which means that it is less likely that the signals will cancel completely at one of the 
ears at any point in time. 
 
It is apparent from the examples shown above that fluctuations in interaural time and level 
difference over time are created by the interaction of a direct sound with at least one reflection. It 
appears that this is a complex interaction and that, at least for the single reflection model that was 
used, the characteristics of the source signal are important in determining certain aspects of the 
created fluctuations.  
2.2.2 Interaction of a direct sound and multiple reflections that are created by a simple 
room simulation 
 
The research that has been discussed so far has shown that fluctuations in interaural time and level 
difference over time are created by the interaction of a direct sound and a single reflection. From 
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this, it may be expected that the multiple reflections that occur in an acoustical environment will 
interact with the direct sound in a similar manner and that fluctuations in interaural time and level 
difference will still be created. However, there will be a number of significant differences with the 
addition of a more complex reflection pattern as may be present in an acoustical environment, 
including the possibility of a perceived reverberation. Therefore the author examined this situation 
using the same artificial and musical stimuli as used in the previous examples and the resulting 
fluctuations in interaural time and level difference were measured in a similar manner. 
 
An acoustical environment was simulated in CATT-Acoustic that was a simple shoe-box room 
with dimensions and reverberation time similar to the Grosser Musikvereinsaal in Vienna 
[Beranek 1996]. The dimensions of the shoe-box room were therefore 20 metres wide by 43 
metres long by 18 metres tall, and the reverberation time was approximately 2.0 seconds. It was 
apparent from the analysis presented in [Mason and Rumsey 2001] that symmetrical lateral 
reflections do not create fluctuations in interaural time difference over time. This is due to the 
symmetrical interaction between the direct sound and the reflections, which causes the signals that 
reach each ear to be identical. However, in real situations this is unlikely to be the case. Firstly, the 
human head is unlikely to be completely symmetrical, although it is uncertain whether this 
asymmetry is large enough to cause significant fluctuations in interaural time or level difference. 
Secondly, it is unlikely that the human head will be located at the exact centre between two 
reflective surfaces, and it is even less likely that it will remain completely stationary. Thirdly, it is 
likely that the surfaces in a real acoustic environment will not cause purely specular reflections, 
and therefore the reflections are unlikely to be identical. Finally, whilst a pair of symmetrical 
lateral reflections do not create fluctuations in interaural time or level difference, it remains to be 
seen whether additional lateral reflections or reflections from other directions interact further to 
create fluctuations in interaural time or level difference. Therefore, in order to avoid any potential 
problems that could be caused by the lateral reflections in the room model being totally 
symmetrical and therefore unduly influencing the results, the source and receiver in the room 
simulation were deliberately positioned off-centre. 
 
The simulated sound source was omnidirectional and was positioned 6 metres to the left of centre, 
4 metres from the back wall, and 1.8 metres from the floor. The receiver was a simulated binaural 
receiver that was positioned 11 metres directly in front of and facing the source. This can be seen 
in Figure 2.14.  
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Figure 2.14: Side elevation, end elevation, plan and three-dimensional views of the simple 
shoe-box room that was used in the simulation, showing positions of the omnidirectional 
sound source (labelled A0 and marked with ×) and the binaural receiver (labelled 01 and 
marked with +). 
 
The binaural impulse response was calculated in CATT-Acoustic for convolution with the test and 
musical source signals, in order to simulate the sound being emitted by the source and being 
captured by the binaural receiver. The results for each source signal are shown below.  
 
The first signal to be measured consisted of three sine tones of 480, 500 and 520 Hz that was 
convolved with the binaural impulse response of the simulated room. The resulting binaural audio 
signal was measured in the same manner as the binaural signals that were created by the single 
reflection model that was used in Section 2.2.1, using the measurements outlined in Appendix B 
and Appendix C. The measured fluctuations in interaural time and level difference are shown in 
Figure 2.15. 
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Figure 2.15: Plot of the fluctuations in interaural time and level difference over time, 
calculated for the signals that arrive at each ear from three continuous sine tones of 480, 500 
and 520 Hz that were convolved with the binaural impulse response of the room simulation. 
 
It can be seen in Figure 2.15 that in the active sound source segment12 (up to approximately 1 
second), the fluctuations in both interaural time and level difference became periodic and of 
relatively constant amplitude. In the reverberant segment13 (from approximately 1 second 
onwards) the fluctuations became much more random in terms of frequency and amplitude. As 
these sections are so different, it may be beneficial to analyse them separately. These are shown in 
Figure 2.16 and Figure 2.17. 
 
                                                          
12 For the purpose of simplicity in this thesis, the phrase ‘active sound source segment’ refers to 
the segment of time when there is a direct sound component reaching the receiver. During this 
time, the sound that is captured by the receiver is made up of both the direct sound and 
reverberation and in this case it is the segment of time where the direct sound of the sine tones is 
reaching the receiver. 
13 Again, for simplicity in this thesis, the phrase ‘reverberant segment’ refers to the segment of 
time where the direct sound has ended and the sound reaching the receiver is purely indirect or 
reverberant.  
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Figure 2.16: Plot of the fluctuations in interaural time and level difference over time, 
calculated for the signals that arrive at each ear of the active sound source segment from 
three continuous sine tones of 480, 500 and 520 Hz that were convolved with the binaural 
impulse response of the room simulation. 
 
It is apparent from Figure 2.16 that the fluctuations in interaural time and level difference are fairly 
erratic for the first part of the active sound source segment. This is caused by the early reflections 
of the beginning of the sine tone reaching the receiver and each individually affecting the resultant 
fluctuations as the reflection pattern develops. After approximately 0.3 seconds, the fluctuation 
pattern becomes more constant, almost reaching a steady state towards the end of the active sound 
source segment. This is due to the fact that the additional reflections that arrive beyond this point 
are much lower in level and therefore contribute less to the resulting signal. This supports the 
research that was discussed in Chapter 1. 
 
It is interesting to note that the measured fluctuations are still evolving beyond the 80 ms window 
that is defined by most concert hall measurements as the section of the impulse response that 
affects the perception of sound sources. If the signals that arrive in the active sound source 
segment are perceived to be part of the source, and the changes in the measured fluctuations are 
perceivable, then this provides further evidence that the reflections that arrive beyond 80 ms after 
the direct sound also affect the perceived attributes of the source, as discussed in Chapter 1.  
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Figure 2.17: Plot of the fluctuations in interaural time and level difference over time, 
calculated for the signals that arrive at each ear of the reverberant segment from three 
continuous sine tones of 480, 500 and 520 Hz that were convolved with the binaural impulse 
response of the room simulation. 
 
It can be seen in Figure 2.17 that the fluctuations in the reverberant segment are more erratic. This 
is the inverse of the build-up of the early reflections that is seen in the beginning of the active 
sound source segment. The steady-state direct sound is no longer reaching the receiver in the 
reverberant segment, and this leaves solely the reflections which decay individually. As the later 
reflections are large in number and arrive at the binaural receiver from almost random directions, 
the resultant fluctuations in interaural time difference become very erratic. These erratic 
fluctuations in the reverberant segment are not as apparent in the measurement of the interaural 
level difference. This is due to this measurement being dependent on the level of the signal at any 
given point in time. As the direct sound ends, the overall level decays relatively quickly and 
therefore the resultant fluctuations in interaural level difference diminish with the decreasing 
overall signal level.  
 
The difference between the active sound source and reverberant segments can also be seen in the 
fast Fourier transform plots of the measurements of the fluctuations in interaural time difference 
for the two time segments of the stimulus shown in Figure 2.18. It is apparent that, for the active 
sound source segment, there is a more prominent peak at the frequency spacing between the three 
sine tones compared to the reverberant segment. This indicates that, compared to the reverberant 
segment, the fluctuations in the active sound source segment are more related to the stimulus and 
less dependent on the characteristics of the acoustical environment. 
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Figure 2.18: Fast Fourier transform plots of the fluctuations in interaural time difference 
over time for the signals that arrive at each ear of both the active sound source (left plot) and 
reverberant (right plot) segments, calculated for three continuous sine tones of 480, 500 and 
520 Hz that were convolved with the binaural impulse response of the room simulation. 
 
As the measurements of the fluctuations in interaural time difference that are shown in Figure 2.16 
and Figure 2.17 have no weighting by audio amplitude14, it is possible that the result is not an 
accurate representation of the perceptual effect of the fluctuations. This is based on the assumption 
that the fluctuations in quieter audio signals will not be perceived as clearly15. This would be more 
accurately displayed by the use of weighting by audio amplitude.  However, this was intentionally 
omitted here, in order to indicate the extent of the fluctuations that are contained in the decaying 
signal, which would otherwise be concealed by the amplitude weighting. 
 
In order to examine whether the active sound source and reverberant segments are also dissimilar 
when musical signals are sounded in a reverberant environment, the anechoic recordings of the 
cello and acoustic guitar were convolved with the same binaural impulse response that was used 
for the artificial sine tone stimulus. The results are shown in Figure 2.19 and Figure 2.20 with the 
division between the active sound source and reverberant segments indicated by a vertical line 
through each plot. For these examples, as for the previous measurements of the musical signals, 
the measurements were conducted in a number of frequency bands and the fluctuations in 
                                                          
14 As mentioned in Section 2.2.1, the measurements of the fluctuations in interaural level 
difference are simple difference metrics and therefore they are inherently related to the overall 
amplitude of the audio signal. 
15 This fact has not yet been investigated in detail, though the research of Morimoto and Iida that is 
discussed in Chapter 1 indicates that the signal loudness has an effect on the perceived spatial 
attributes. 
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interaural time difference were weighted by the audio amplitude in order to reduce the effect of 
noise in the measurement, as discussed in Section 2.2.1. 
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Figure 2.19: Plot of the fluctuations in interaural time difference weighted by the audio 
amplitude and interaural level difference over time, calculated for the signals that arrive at 
each ear from an anechoic recording of a single cello note that was convolved with the 
binaural impulse response of the room simulation, with the division between the active sound 
source and reverberant segments indicated by a vertical line at approximately 0.6 seconds. 
 
For the anechoic recording of the cello note, there appears to be little consistent difference 
between the fluctuations in interaural time and level difference that are created in either the active 
sound source or reverberant segments. There appears to be a greater difference in the measurement 
of interaural level difference. However, this is principally due to the dependency of the 
measurement on the overall signal level at a given point in time, and the decay of the reverberant 
segment.  
 
The reason that there was not such an obvious difference between the two time segments for this 
measurement compared to the sine tone stimulus, was due to the temporal characteristics of the 
source signal. The cello note changes in frequency, spectral content and amplitude during the 
length of the note and is not steady-state unlike the sine tones that were used in the previous 
example. This difference caused the fluctuations that were created to be constantly altered by the 
changing source signal and they did not gradually become constant unlike the measurement of the 
sine tone signals that became almost steady-state. The most noticeable difference between the 
active sound source and reverberant segments of the sine tone measurement was the change from 
the periodic and almost constant pattern of fluctuations in the active sound source segment to a 
random fluctuation pattern in the reverberant segment. As the measured fluctuations in the active 
sound source segment of the cello note also varied in an apparently random manner, the difference 
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between this and the fluctuations in the reverberant segment for the cello note measurement was 
not as obvious. 
 
The anechoic recording of the acoustic guitar chord was also analysed for comparison. The 
stimulus was convolved with the binaural impulse response of the room simulation, and the 
fluctuations in interaural time and level difference of the resulting binaural signal were measured 
by using an identical method to that which was used for the cello stimulus. The results are shown 
in Figure 2.20.  
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Figure 2.20: Plot of the fluctuations in interaural time difference weighted by the audio 
amplitude and interaural level difference over time, calculated for the signals that arrive at 
each ear from an anechoic recording of a single acoustic guitar chord that was convolved 
with the binaural impulse response of the room simulation, with the division between the 
active sound source and reverberant segments indicated by a vertical line at approximately 2 
seconds. 
 
It is apparent that for the acoustic guitar stimulus, there is more of a difference between the active 
sound source and reverberant segments compared to the cello stimulus. This is more obvious in the 
interaural time difference measurement, where the fluctuations during the active sound source 
segment were relatively constant over time, but became more erratic in the reverberant segment. 
These results are more similar to those for the sine tone stimulus than the cello note stimulus, 
again for the reason that the guitar stimulus is more constant over the length of the chord, and 
therefore is more similar in nature to the sine tones than the cello note. 
 
It is interesting to note that for all the stimuli, the fluctuations in both interaural time and level 
difference are of a larger magnitude for the room simulation than for the single reflection model. 
This is explained by the fact that the room simulation includes a larger number of reflections, each 
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of which has very different spatial properties, and which sum to give a larger ratio of non-direct to 
direct energy. This means that there is a larger amount of energy with properties that are different 
to the direct sound, which then interacts to a greater degree with the direct sound, which causes a 
larger magnitude of fluctuations. 
 
As mentioned in Chapter 1, measurements of the spatial properties of concert halls are usually 
employed by analysing the properties of an impulse response, rather than a specific stimulus that is 
reproduced in the concert hall [BS EN ISO 3382 2000]. However, it appears from the analysis 
shown above that the source signal has a large effect on the characteristics of the fluctuations in 
interaural time and level difference that are created. For comparison, the fluctuations in interaural 
time and level difference of the binaural impulse response of the room simulation itself were also 
measured. The measurements were made in an identical manner, to enable comparison with the 
measurements of the musical and sine tone stimuli that were produced from the previous 
examples. The results are shown in Figure 2.21. 
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Figure 2.21: Plot of the fluctuations in interaural time difference weighted by the audio 
amplitude and interaural level difference over time, calculated for the signals that arrive at 
each ear from a binaural impulse response of the room simulation. 
 
It can be seen that the measurements of the binaural impulse response and the measurements of the 
artificial and musical stimuli that were convolved with the binaural impulse response are 
dissimilar. The difference is most noticeable in the measurement of the fluctuations in interaural 
level difference, where the binaural impulse response appears to create a very low magnitude of 
fluctuations, whereas the artificial and musical stimuli that were convolved with the binaural 
impulse response created a much larger magnitude of fluctuations.  
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It must be noted that this does not mean that a variation of the binaural impulse response which 
alters the measured fluctuations in interaural time or level difference will not alter the measured 
fluctuations of an artificial or musical signal when it is convolved with the impulse response. 
However, in this case there is no simple relationship apparent between the measurement results for 
the binaural impulse response and the signals incorporating a musical or sine tone source stimulus. 
Therefore, from this information a simple process is not apparent by which the results of the 
measurement of some form of artificial or musical stimulus can be derived from a measurement of 
the binaural impulse response, without first convolving the stimulus with the impulse response and 
measuring the result. This supports the objections to measuring the attributes of the impulse 
response directly that were outlined in Chapter 1. 
 
2.3 Relationship between fluctuations in interaural time and level 
difference over time and the interaural cross-correlation 
 
As mentioned in Section 2.1, Blauert and Lindemann found a strong correlation between the 
magnitude of fluctuations in interaural time and level difference and subjective judgements of 
spaciousness for a number of stimuli [Blauert and Lindemann 1986b]. However, they also found 
that a measurement of the interaural cross-correlation coefficient of the stimuli gave a similar 
result to the measurements of the fluctuations in interaural time and level difference. Griesinger 
also noted the similarity between his measurement of the fluctuations in interaural time difference 
over time and an interaural cross-correlation measurement [Griesinger 1992a]. 
 
The effect of fluctuations in interaural time and level difference on the interaural cross-correlation 
coefficient was analysed by the author using a number of simple stimuli. The stimuli were sine 
tones with either a frequency or amplitude modulation component that is 180º out of phase in one 
ear with respect to the other16. For the frequency modulation, this causes the frequency of the sine 
tone that feeds one ear to rise and fall with respect to the other, thus causing an associated leading 
and lagging in phase. For the amplitude modulation this causes a level difference between the two 
ear signals which varies sinusoidally. In this way, fluctuations in interaural time or level difference 
are created in a controlled manner.  
 
                                                          
16 This is based on the stimulus creation method that was employed by Grantham and Wightman in 
their investigation of the perceptibility of movement in noise stimuli with various rates of 
interaural time difference fluctuation [Grantham and Wightman 1978]. 
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The stimuli that were used in this example consisted of a pair of sine tones of an audio frequency 
of 500 Hz, which were varied by a sinusoidal frequency or amplitude modulation of 5 Hz17. A 
number of magnitudes of frequency or amplitude modulation were created, and their interaural 
cross-correlation coefficient was measured for the entire duration of the 1 second stimuli. The 
results are shown in Figure 2.22 and Figure 2.23. 
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Figure 2.22: Plot of the fluctuation in interaural time difference over time, calculated for the 
signals that arrive at each ear from a 500 Hz sine tone with a frequency modulation 
component 180º out of phase in one ear with respect to the other for two different 
magnitudes of modulation, together with the associated interaural cross-correlation 
measurements that indicate the maximum correlation value across the range of τ 
(IACCmax) for the same stimuli. 
 
 
 
                                                          
17 Whilst a fluctuation in interaural time or level difference at a rate of 5 Hz may be perceivable as 
movement rather than a stationary subjective spatial effect, the parameters were chosen for this 
example to enable a simple demonstration. 
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Figure 2.23: Plot of the fluctuation in interaural level difference over time, calculated for the 
signals that arrive at each ear from a 500 Hz sine tone with an amplitude modulation 
component 180º out of phase in one ear with respect to the other for two different 
magnitudes of modulation, together with the associated interaural cross-correlation 
measurements that indicate the maximum correlation value across the range of τ 
(IACCmax) for the same stimuli. 
 
It can be seen in Figure 2.22 and Figure 2.23 that increasing the magnitude of the frequency or 
amplitude modulation (and therefore the magnitude of the created fluctuations in interaural time 
and level difference) lowers the measured interaural cross-correlation. However, it is also apparent 
that a change in the magnitude of the fluctuations in interaural level difference alters the cross-
correlation measurement less than a similar change in the magnitude of the fluctuations in 
interaural time difference. Griesinger considered this and noted that the interaural cross-correlation 
measurement “links fluctuations in both the amplitude and the relative phase of the signals in a 
particular way” [Griesinger 1992a: 3] and that if these fluctuations in time or level are perceived 
individually, a simple cross-correlation measurement may not match the subjective effect. 
However, he concluded that measurements based on the interaural cross-correlation coefficient 
have proved useful, and that “it might turn out to be as good or better than any other measure” 
[Griesinger 1992a: 3]. 
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To further investigate the relationship between the fluctuations in interaural time and level 
difference and the measured interaural cross-correlation coefficient, the variation of the short-term 
cross-correlation18 over time was measured for each of the artificial and musical stimuli that were 
convolved with the simulated acoustical environment binaural impulse response that was used in 
Section 2.2.2. The measurement was performed as discussed in Appendix A, with the maximum 
cross-correlation value measured across a range of τ of approximately ± 1 ms, for a number of 
consecutive measurements with a window length of 50 ms. The result was then inverted so that the 
result was positively correlated with the perceived spatial effect (according to the research 
discussed in Chapter 1), and was then smoothed with a 4 Hz low-pass filter following the research 
of Grantham [Grantham 1982]. In order to compare these measurements directly with the 
fluctuation measurements depicted in that were Section 2.2.2, the sine tone stimulus was measured 
wide-band, and the musical stimuli were measured in a number of narrow bands across a 
frequency range of approximately 175 to 950 Hz. 
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Figure 2.24: Plot of the variation in the short-term measured interaural cross-correlation 
coefficient (IACC) over time, calculated for the signals that arrive at each ear from three 
continuous sine tones of 480, 500 and 520 Hz that were convolved with the binaural impulse 
response of the room simulation as described in Section 2.2.2, with the division between the 
active sound source and reverberant segments indicated by a vertical line at approximately 1 
second. 
                                                          
18 The use of a short-term cross-correlation measurement with a relatively short window length, as 
described in Appendix A, means that the measurement can limit the effect of the fluctuations in 
interaural time or level difference that may be perceived as movement. In addition, if a number of 
consecutive short-term measurements are performed, then the variation in the measured cross-
correlation over time can be evaluated. 
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The measurement of the variation in interaural cross-correlation over time of the three sine tones 
that were convolved with the binaural impulse response of the room simulation shown in Figure 
2.24 has similar characteristics to the measured fluctuations in interaural time difference as shown 
in Figure 2.15 and discussed in Section 2.2.2. In both of these cases, the measurement changes 
rapidly as a number of early reflections arrive at the binaural receiver. This then becomes 
gradually more steady before reaching an almost steady state as the later-arriving reflections of a 
lower level contribute less to the measured results. Then, as the direct sound reaching the receiver 
ends, the results of both of the measurement types become a great deal more erratic. Therefore it 
appears that the cross-correlation measurement is affected in a similar manner to the fluctuation 
measurements by the properties of the source signal and reflection pattern for this example. 
  
The musical stimuli were also measured in a similar manner, though unlike the measurement of 
the fluctuations in interaural time difference, the cross-correlation measurements were not 
weighted by the audio amplitude. Therefore the results shown are not necessarily representative of 
the perceivable effect19, but they do show the similarities between the active sound source and 
reverberant segments more clearly. The measurement of the cello stimulus is shown in Figure 2.25 
and the measurement of the acoustic guitar stimulus is shown in Figure 2.26. 
 
 
 
 
 
                                                          
19 This assumes that the loudness of a stimulus at a given time affects the perceived spatial 
attributes, as indicated in the research of Morimoto and Iida [Morimoto and Iida 1995] and 
discussed in Chapter 1. 
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Figure 2.25: Plot of the variation in the inverted short-term measured interaural cross-
correlation coefficient (IACC) over time, calculated for the signals that arrive at each ear 
from an anechoic recording of a single cello note that was convolved with the binaural 
impulse response of the room simulation described as in Section 2.2.2, with the division 
between the active sound source and reverberant segments indicated by a vertical line at 
approximately 1 second. 
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Figure 2.26: Plot of the variation in the inverted short-term measured interaural cross-
correlation coefficient (IACC) over time, calculated for the signals that arrive at each ear 
from an anechoic recording of a single acoustic guitar chord that was convolved with the 
binaural impulse response of the room simulation as described in Section 2.2.2, with the 
division between the active sound source and reverberant segments indicated by a vertical 
line at approximately 1 second. 
 
The interaural cross-correlation measurements of both of these musical stimuli exhibit similar 
trends to those shown in the measurements of the fluctuations in interaural time and level 
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difference over time, as depicted and discussed in Section 2.2.2. For both sets of measurements, 
the results for the acoustic guitar stimulus are more similar to the results for the artificial sine tone 
stimulus than the results for the cello stimulus. This is due to the relatively continuous spectral 
content of the acoustic guitar and sine tone stimuli compared to the cello note. For the 
measurements of the cello note there is not an obvious similarity between the cross-correlation and 
the interaural time or level difference fluctuation measurements, apart from that they all vary 
erratically throughout both the active sound source and reverberant segments of the signal.  
 
For the acoustic guitar stimulus, there are more obvious similarities between the measurements of 
cross-correlation and fluctuations in interaural time difference. For both, there is a rapid change in 
the measured cross-correlation as the early reflections build up, until a point that the measurement 
becomes more constant, followed by an erratic variation over time in the results for the reverberant 
segment. It is also interesting to note that a number of the occasional large peaks in certain 
frequency bands in the measured fluctuations in interaural time difference during the active sound 
source segment are also visible in the cross-correlation measurement. 
 
Therefore it appears that although the measurements of the interaural cross-correlation coefficient 
and the fluctuations in interaural time and level difference are not identical, they do share common 
features. Also apparent is that the measurement of the fluctuations in interaural time difference is 
more similar to the cross-correlation measurement than the measurement of the fluctuations in 
interaural level difference. 
 
As for the previous fluctuation measurements, the binaural impulse response of the room 
simulation was measured to investigate the similarity between this and the measurements of the 
artificial and musical stimuli that were convolved with the binaural impulse response. The result is 
shown in Figure 2.27. 
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Figure 2.27: Plot of the variation in the inverted short-term measured interaural cross-
correlation coefficient weighted by the audio amplitude over time, calculated for the signals 
that arrive at each ear from a binaural impulse response of the room simulation as described 
in Section 2.2.2. 
 
It can be seen in Figure 2.22 and Figure 2.27 that there is no obvious similarity between the 
interaural cross-correlation measurement and the measurements of the fluctuations in interaural 
time and level difference for the binaural impulse response, apart from that they both vary widely 
over the duration of the decay. There is also no obvious similarity between the cross-correlation 
measurements of the impulse response and the artificial and musical stimuli. As discussed in 
Section 2.2.2, this does not mean that a variation of the binaural impulse response which alters the 
measured cross-correlation will not vary the measured cross-correlation of an artificial or musical 
signal that is convolved with the impulse response. However, there is no obvious relationship 
between the measurement results of the two that will enable the results of the measurement of the 
artificial or musical stimuli to be derived simply from a measurement of the binaural impulse 
response. 
 
2.4 Discussion 
 
This chapter has explored the relationship between fluctuations in interaural time and level 
difference over time and the properties of acoustical environments and their perceived spatial 
impression. It was shown that these variations in the interaural time and level difference could not 
be perceived as movement, and that instead they were described as causing a perception of width 
or diffuseness. However, it was also found that little research has been conducted in this area, 
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compared to the more established measurements that are based on the lateral energy and interaural 
cross-correlation metrics. These more established measurements were related to the perceived 
attributes of either the perceived width or the perceived envelopment of concert hall acoustics, 
depending on the time region of the impulse response that is measured. Such a specific 
relationship between the objective measurement and the subjective attribute or attributes has not 
yet been developed for the fluctuations in interaural time and level difference over time. This is an 
important factor in the development of a measurement based on these fluctuations, as the success 
of the measurement at matching the perceived subjective effect cannot be judged until the relevant 
subjective effect is known. Therefore it is essential that this research is conducted before further 
progress can be made. 
 
In addition, the differentiation between the early and late parts of the impulse response that relate 
to the perceived characteristics of the source or the reverberation respectively for the established 
measurements cannot be measured directly for the fluctuations in interaural time and level 
difference. The reason for this is that the 80 ms division point that is used for these measurements 
is too short for adequate measurement of the created fluctuations. For this reason, the alternative 
measurement method based on perceptual grouping, as discussed in Chapter 1, may be more 
appropriate for this type of measurement. If this is the case, then the subjective effect of both 
continuous and reverberant stimuli needs to be elicited, in order to be able to relate the 
measurements of these two different situations to the correct subjective effect.  
 
It was shown in Section 2.2 that fluctuations in interaural time and level difference are created by 
the interaction of a direct sound and one or more reflections. It was also apparent that the 
characteristics of the created fluctuations were affected by both the type of source stimulus and the 
properties of the reflection patterns. The fact that the parameters of both the source and the 
reflections are important needs to be considered in the development of a measurement technique 
for quantifying the magnitude of the fluctuations and their relationship with the perceived 
subjective effect.  
 
As discussed in Chapter 1, measurements that relate to the perceived spatial impression of concert 
hall acoustics are commonly applied directly to the measured impulse response of a room. 
However, this method does not take into account the properties of the programme material that is 
likely to be auditioned within that acoustical environment. It appears from the analysis that was 
shown in this chapter that the fluctuations in interaural time and level difference are strongly 
affected by the type of source signal used. In addition, the measured results from the musical and 
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artificial stimuli are very different from the results of the measurement that were made directly of 
the impulse response.  
 
In this case, the measurement approach needs to be considered based on a number of facts. Firstly, 
the subjective effect of a sound at any point in time is likely involve aspects of both the sound 
source signal and the acoustical environment, and the constituent parts of each cannot be 
perceptually divided. For instance, it is well established that an acoustical environment can affect 
the perceived width of a sound source [Blauert 1997]. This effect is caused by the combination of 
the sound source signal and the reflections of the acoustical environment, yet it is perceived as 
being a solely a property of the sound source. Secondly, the type of sound that is most commonly 
auditioned in a concert hall is made up of musical tones, and as such is very different to wide-band 
and transient impulsive signals [Barron 1999]. Thirdly, the measured characteristics of different 
source signals give very different results, and the results for musical signals cannot be directly 
predicted from the measurement results of an impulse, as shown in Section 2.2.2. In view of these 
facts, it is reasonable to suggest that in order to relate a measurement to the perceived subjective 
effect of a musical signal in a concert hall, a stimulus more similar to the programme material for 
which the hall is intended should be measured, rather than an impulse whose characteristics are 
very different. This further supports the argument outlined in Chapter 1. 
 
The results of the analysis in Section 2.2.2 also support the argument against using a time-based 
division to separate the parts of the impulse response that relate to the source and the parts that 
relate to the perceived reverberation, as discussed in Chapter 1. Firstly, there was a large 
difference between the fluctuations that were observed in the active sound source segment and 
those observed in the reverberant segment. This indicates that these two segments should be 
treated individually, which supports the argument that some form of differentiation is needed as 
they may relate to different subjective attributes. Secondly, the measured results for the sine tone 
stimulus showed significant changes up to approximately 300 or 400 ms after the arrival of the 
direct sound. If the measurement does relate to a perceived subjective effect and the physical 
parameters of this time segment do affect the perceived attributes of the source as discussed in 
Chapter 1, then this means that the reflections arriving up to approximately 300 or 400 ms in the 
impulse response still greatly affect the perceived attributes of the source. Experimentation is 
required to establish whether this is in fact the case, but if it is true, then a measurement of solely 
the first 80 ms of the impulse response will not give an accurate prediction of the subjective effect 
for more continuous stimuli. 
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The considerations that are outlined above are not unique to the measurement of the fluctuations in 
interaural time and level difference, as it was shown that the fluctuations also affect the measured 
interaural cross-correlation coefficient. It is not yet clear whether the perceived effect of 
fluctuations in interaural time and level difference are due to the fluctuations themselves, or the 
due to the fact that they affect the interaural cross-correlation coefficient. More information on this 
may be uncovered by elicitation of the subjective effect of signals that contain fluctuations in 
interaural time and level difference and comparison with the subjective effect of various levels of 
interaural cross-correlation. However, it may be difficult to separate out the two physical 
parameters, as they are intrinsically linked and a variation of one will similarly affect the other. 
 
In addition, even if there is no perceptual mechanism for detecting the fluctuations in interaural 
time and level difference directly, then it does not necessarily mean that they are unimportant. The 
reason for this is that the fluctuations affect the interaural cross-correlation coefficient, as 
discussed in Section 2.3. This means that if the perceptual mechanism is based on a procedure that 
is similar to the interaural cross-correlation coefficient, then a change in the fluctuations will 
change the interaural cross-correlation and as such the fluctuations will be perceived indirectly. It 
can be seen in Section 2.3 that the fluctuations that were created by a sine tone stimulus that was 
convolved with the room simulation impulse response caused the interaural cross-correlation 
coefficient to be strongly affected by the reflections that arrived up to 500 ms after the direct 
sound. This provides additional evidence that a measurement of the first 80 ms of the impulse 
response may not accurately match the subjective effect of non-impulsive stimuli that are produced 
in an acoustical environment. 
 
2.5 Summary 
 
The research that was outlined in Section 2.1 indicated that fluctuations in interaural time or level 
difference may be a factor in the creation of certain subjective attributes of spatial impression. It 
was found that the subjective effect of these fluctuations that are of a rate that is too rapid to be 
perceived as movement has been described as a perception of width or diffuseness, and was related 
to the perceived spaciousness of a musical stimulus. However, it was also found that not as much 
research has been conducted on these parameters compared to the more established measurement 
techniques that were described in Chapter 1, and that the subjective effect of the fluctuations has 
not been elicited in detail.  
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It was shown in Section 2.2 that fluctuations in interaural time and level difference are created by 
the interaction of a complex direct sound and one or more reflections, as are present in all non-
anechoic acoustical environments. It was also demonstrated that the characteristics of the created 
fluctuations are dependent on the properties of the reflection pattern, as well as the properties of 
the source signal.  
 
The analysis in Section 2.3 demonstrated that fluctuations in interaural time and level difference 
affect the measured interaural cross-correlation coefficient of a signal. From this, it was discussed 
that the subjective effect of the fluctuations may in fact be caused by the change in the cross-
correlation, and that there may be no perceptual process for directly detecting the fluctuations in 
interaural time and level difference. 
 
Section 2.4 discussed a number of points that arose from the research and analysis that was 
contained in this chapter. Firstly, it highlighted that the specific subjective attribute or attributes 
that are affected by the fluctuations in interaural time and level difference have not been 
investigated in detail, and commented on the importance of this research in developing an 
objective measurement method. Secondly, the relationship between the measured results of the 
fluctuations and the established technique of measuring different time segments of the impulse 
response was discussed. It was found that the measured results provided additional evidence 
against the use of measurements that were carried out directly on the impulse response, and 
showed the importance of consideration of the source signal. Thirdly, it was discussed whether the 
subjective effect of the fluctuations in interaural time and level difference were caused by the 
fluctuations themselves or by the effect that they have on the cross-correlation coefficient. It was 
proposed that an investigation of the subjective effect of the fluctuations might provide more 
information on this, though it was noted that it may be difficult to separate the two factors. 
 
Therefore, from the research that was outlined in this chapter and Chapter 1, a number of topics 
have been highlighted that require further investigation. The most important of these is the need to 
examine the subjective effect of fluctuations in interaural time and level difference over time in 
detail. Without this research, a measurement based on these fluctuations cannot be developed 
further. It was also found that there is a strong relationship between the fluctuations in interaural 
time and level difference over time and the interaural cross-correlation coefficient. Even though 
these are closely linked, it may be that an investigation of the subjective effect of the fluctuations 
may also give additional information on the similarity or difference between the two physical cues. 
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The research outlined in this chapter and Chapter 1 also gave evidence against the current practice 
of directly measuring the properties of different time segments of the impulse response. An 
alternative method was proposed, based on measuring representative programme material and 
dividing the source and environment related aspects by using perceptual grouping. Further 
research is required to evaluate the salience of this approach, such as an investigation into whether 
the properties of the sound that arrives at the ears is perceived differently when it is perceptually 
grouped either as part of the sound source or as part of the reverberation. 
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3 Experiment methodology 
 
 
From the research that was outlined in the previous chapters, it is apparent that an investigation of 
the subjective effect of fluctuations in interaural time and level difference is required before 
measurements that relate to these fluctuations can be developed further. This chapter summarises 
the aims of this investigation, reviews the approaches that are available to undertake the 
experiments, and outlines the most suitable approach for each part of the study. The types of 
stimuli that may be employed for this task are evaluated and specific stimuli are proposed. The 
techniques that are available for eliciting the subjective spatial attributes of the stimuli are 
evaluated, and a novel combination of non-verbal sketch-map and verbal descriptor methods is 
proposed. This is followed by a review of the techniques that are available for analysing the results 
of such elicitation experiments, including a number of novel techniques. Finally, the choice of 
subjects is discussed, together with issues of training. 
 
3.1 Experiment aims 
 
As outlined in Chapter 2, measurements that are based on quantifying the fluctuations in interaural 
time and level difference cannot be developed or applied accurately without prior investigation of 
a number of specific factors. The most important of these factors is to elicit the subjective effect 
that is created by audio signals that contain these fluctuations. Without this knowledge, it would be 
difficult to evaluate the salience of a measurement that is based on these cues, and it would be 
impossible to relate the measurement results to a specific subjective effect accurately. From the 
research that was discussed in Chapter 2, it was also apparent that the subjective effect of the 
fluctuations that were contained within an audio signal that was perceived to be a sound source 
may be different to the subjective effect of the fluctuations that were contained within an audio 
signal that was perceived to be reverberation.  
 
Therefore, based on these requirements, it was decided to undertake a series of experiments to 
investigate the subjective effect of fluctuations in interaural time and level difference that were 
contained within audio signals of different types. The results of these experiments would give a 
greater understanding of the perceived effect of these signals in different situations, which could 
then be used for further development and evaluation of measurements that are based on 
quantifying the characteristics of these fluctuations. 
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3.2 Choice of stimulus type 
 
The experimental task was predominantly to elicit the subjective effect of certain stimuli from a 
number of subjects. This had to be conducted as accurately and carefully as possible, in order to 
identify the subjective effect that is caused by the fluctuations in interaural time and level 
difference, and to limit the influence of extraneous confounding variables as much as possible.  
 
The most convenient method for conducting such an experiment would be to vary the objective 
parameter that is under investigation, whilst limiting any variation in all other objective 
parameters, and then evaluating the subjective effect that is caused by the changes [Davis 1995]. In 
this case, any perceived differences between the stimuli would be due to the influence of the varied 
objective parameter, though the success of the experiment would be dependent on being able to 
independently vary solely this objective parameter.  
 
It was found in Chapter 2 that fluctuations in interaural time and level difference can be created by 
the interaction of a direct sound and one or more reflections. It was considered whether a stimulus 
that is created in this manner would be suitable for the experiment. By using such a stimulus it 
would be very difficult to create fluctuations with specific characteristics, and it would be 
impossible to vary these in a controlled manner without also varying other perceivable parameters 
of the pattern of reflections. Therefore, in order to limit the variables to solely those under 
investigation, it was decided to use audio signals with pre-determined fluctuations in interaural 
time and level difference that were specifically created for this experiment. 
 
However, this approach is less externally valid than other methods such as using recorded 
programme material or creating the fluctuations by the use of a direct sound and a number of 
reflections. The reason for this is that the stimuli that are used are dissimilar from the type of 
programme material that is commonly auditioned in an acoustical environment or through a 
reproduction system. By the use of this approach, the subjective effect of the objective parameter 
is elicited in a situation that is not representative of the situation in which it will normally be 
experienced. Whilst the results of experiments that are carried out using artificial stimuli may not 
be suitable for direct application in predicting the perception of conventional programme material, 
they do allow a more precise evaluation of the perceived auditory attributes, due to the ability to 
control potential confounding variables. If necessary, the results of the research that is conducted 
using artificial stimuli can be related more specifically to conventional programme material by the 
completion of further experiments. Therefore, as the accuracy of the elicitation of the perceived 
spatial effect was of prime importance in this experiment, it was decided that artificially created 
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stimuli would be more appropriate. Further experimentation may be needed to investigate the 
suitability of applying these results to conventional programme material. 
 
It was also considered whether the artificially created stimuli should contain musical audio signals 
or test signals such as noise. Again, musical audio signals would be more externally valid, as they 
are more typical of the type of programme material that may be produced in an acoustic 
environment or through a reproduction system that such a measurement may be applied to. In 
addition, musical signals would be more easily recognisable and more pleasant for the subjects to 
audition. However, it was considered that musical programme material would contain recognisable 
musical instruments that subjects could attempt to identify and compare to their memory and prior 
knowledge of the instruments [Guski 1997]. The subjects might assume that these recognised 
instruments have certain inherent physical spatial attributes that were not necessarily reproduced 
correctly due to the stimuli containing artificial variations of the fluctuations in interaural time and 
level difference. In this case, the expected spatial characteristics of the musical instruments might 
influence the judgements of the subjects, meaning that the test could be biased by prior 
expectation.  
 
As an alternative, artificial test signals, such as noise or sine tones, would be more abstract and 
less recognisable. This meant that it would be impossible to compare them to a known reference, 
and therefore the subjects would be less likely to be influenced by an expected spatial effect. 
However, the disadvantage would be that description of artificial signals may be more difficult, as 
they are unfamiliar to the subjects and more abstract in nature. It may also be that music and noise 
signals are perceived slightly differently, as musical signals are inherently tonal and periodic, in 
contrast to the relatively wide-band frequency range and temporal unpredictability of noise. In 
addition, the artificial signals would be more unpleasant for the subjects to audition, meaning that 
the experimental task would be more fatiguing.  
 
However, as discussed above, the prime importance of the experiment was to elicit, as accurately 
as possible, the perceived spatial effect of the fluctuations in interaural time and level difference. 
In view of this, it was decided that artificial signals would be most appropriate for the elicitation 
experiment. 
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3.3 Stimulus creation method 
 
Based on the decisions that were outlined in Section 3.2, a method of creating the experimental 
stimuli was required that would allow the generation of fluctuations in either interaural time or 
level difference over time with pre-determined characteristics as accurately as possible, whilst 
limiting any variation in other physical parameters. One method of creating these fluctuations was 
to use frequency or amplitude modulation, based on the technique that was employed by Grantham 
and Wightman [Grantham and Wightman 1978] and demonstrated in Chapter 2. This method 
involves modulating a pair of sine tones with a sinusoidal amplitude or frequency modulation 
signal that is 180º out of phase in one of the pair with respect to the other. When one of the pair of 
tones is fed to the left ear, and the other to the right ear, the modulation results in a sinusoidal 
fluctuation in the interaural time or level difference between the two signals. For the frequency 
modulation, the fluctuations in interaural time difference are created by the relative frequency of 
the sine tone rising and falling in one of the pair of sine tones with respect to the other, which 
subsequently causes an alternating leading and lagging in phase. For the amplitude modulation, the 
fluctuations in interaural level difference are created by the relative amplitude of the sine tone 
rising and falling in one of the pair of sine tones with respect to the other. 
 
The equations for the frequency and amplitude modulated sine tones are shown in Equation 3.1 
and Equation 3.2 respectively. 
 
Equation 3.1 
l = sin[2πfct + θc + msin(2πfmt)] 
r = sin[2πfct + θc - msin(2πfmt)] 
 
Equation 3.2 
l = sin(2πfct + θc) msin(2πfmt) 
r = sin(2πfct + θc) msin(2πfmt+π) 
 
where l is the left ear signal 
r is the right ear signal 
fc is the audio frequency 
θc is a random phase component (identical in each ear) 
m is the fluctuation magnitude 
fm is the fluctuation frequency  
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As mentioned above, in order to maximise the effectiveness of the experiment, it should be 
possible to vary the stimuli only in terms of the single parameter that is under investigation, with 
all other physical parameters remaining constant. This means that the subjective effect of the 
relevant parameter can be elicited most accurately and reliably. In addition, it would be useful to 
be able to vary the fluctuations in interaural time and level difference separately, so that the 
subjective effect of each could be examined and compared. The stimulus creation methods of 
amplitude and frequency modulation that are shown in Equation 3.1 and Equation 3.2 were 
therefore examined by the author in order to evaluate how successfully these methods met the 
requirements of the experiment.  
3.3.1 Analysis of fluctuations generated by simple sinusoidal stimuli 
 
It was shown in Chapter 2 that frequency and amplitude modulation were useful for creating 
fluctuations in interaural time and level difference respectively. In order to examine the 
independence of the fluctuations in interaural time and level difference, it was also investigated 
how the frequency modulation affected the interaural level difference and how the amplitude 
modulation affected the interaural time difference. The measurements were made in the same 
manner as the measurements in Chapter 2 and the results are shown in Figure 3.1 and Figure 3.2. 
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Figure 3.1: The fluctuation in measured interaural time and level difference over time, 
calculated for amplitude modulated sine tones that were created using Equation 3.2, with fc = 
500 Hz, m = 1, and fm = 5 Hz. 
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Figure 3.2: The fluctuation in measured interaural time and level difference over time, 
calculated for frequency modulated sine tones that were created using Equation 3.1, with fc = 
500 Hz, m = 1, and fm = 5 Hz. 
 
It can be seen from Figure 3.1 that the amplitude modulation created a sinusoidal variation in the 
interaural level difference over time, and did not create any fluctuations in the interaural time 
difference over time. For the measurements that were made of the frequency modulated stimulus 
that are shown in Figure 3.2, it can be seen that a large sinusoidal variation in the interaural time 
difference over time was created. In addition, the measurement of the interaural level difference of 
the signal also showed a small amount of variation. However, further analysis by the author 
indicated that whilst this variation was created by the fact that the frequency modulation caused 
fluctuations in interaural level difference when the fluctuations were quantified in this manner, this 
measured variation was not a meaningful result.  
 
For this analysis, the measurement technique that was used to quantify the interaural level 
difference was a simple comparison of the absolute level difference between the two binaural 
channels, smoothed using a 3 ms window. This smoothing takes into account the limited temporal 
resolution of the ear [Eddins and Green 1995], in addition to reducing the error that would occur if 
an instantaneous sample-by-sample measurement was applied to a signal with a constant interaural 
time difference.  
 
For instance, Figure 3.3 shows a binaural signal with a constant interaural time difference. Whilst 
it can be seen that the signals that arrive at each ear are of equal level, an instantaneous sample-by-
sample level difference measurement (also shown in Figure 3.3) indicates that the interaural level 
difference varies a great deal.  
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Figure 3.3: Example of a simple two-channel signal with a given time difference and the 
calculated amplitude difference that is measured using both an instantaneous sample-by-
sample metric and a smoothed version of this metric. 
 
Whilst the instantaneous sample-by-sample amplitude difference measurement without smoothing 
may be a viable measurement, it is apparent that it is not meaningful when considering signals that 
are offset in time, such as may occur with an interaural time difference. It is clear from the 
research of others that if the time difference between the two signals that was used as a 
demonstration in Figure 3.3 is an interaural time difference, then this would not cause a subjective 
effect of greater width or diffuseness that is consistent with the rapid fluctuations in interaural 
level difference as discussed in Chapter 2 and indicated by the instantaneous amplitude difference 
measurement. Instead, the interaural time difference would solely cause a scene component to be 
perceived to be located away from the median plane [Blauert 1997]. It can be seen that, even 
though the smoothing of the measurement shown in Figure 3.3 removes a majority of the 
variations in the measured amplitude difference that were caused by the limitations of the 
measurement technique, a small amount of variation remains. This explains the low level 
variations that were apparent in the measured interaural level difference results that were shown in 
Figure 3.2. 
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Therefore, it can be seen from the above results that using Equation 3.1 or Equation 3.2 resulted in 
sine tone stimuli that contained fluctuations in interaural time or level difference, depending on the 
modulation type that was used. However, the frequency and amplitude modulation creates 
frequency components in addition to the sine tone carrier frequency (fc) [Connor 1982], of which 
changes in the level and pitch may be perceivable when the characteristics of the modulation are 
altered. If such stimuli were used in the experiments, then differences between them could have 
been perceived as differences in pitch or spectral content, rather than differences in the spatial 
attributes that are caused by the generated fluctuations in interaural time and level difference. In 
order to overcome this potential problem, a large number of these pairs of sine tones were 
combined to create the experiment stimuli.  
 
When a large number of these pairs of frequency or amplitude modulated sine tones were 
reproduced simultaneously, with a range of regularly spaced audio frequencies (fc) and random 
starting phases (θc), the subjective effect was similar to a white noise signal. It was concluded that 
the white noise-like frequency response would not be suitable for the experiment, as this would 
cause the higher audio frequencies to be overly prominent, therefore possibly masking the effect of 
the modulations at lower audio frequencies. This would have been especially problematic for an 
investigation of the spatial attributes of the stimuli, as research has indicated that low audio 
frequencies are most important for creating spatial attributes such as envelopment [Potter et al. 
1995a].  
 
In view of this, the values of fc (audio frequency) were selected to create a pink noise-like 
frequency response (equal power in each octave band). This meant that the lower audio 
frequencies were not masked by the overly prominent higher audio frequencies. Whilst pink noise 
does not accurately follow an equal loudness curve, the decision was a compromise of simplicity 
of implementation versus effectiveness. 
 
The range of values of fc that was used was from 40 to 2560 Hz, a total of 6 octaves. This range 
was chosen to cover a wide audio bandwidth, with the upper limit based on previous research that 
suggested that audio frequencies above a few kilohertz do not alter the magnitude of the spatial 
impression [Barron and Marshall 1981].  
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3.3.2 Analysis of fluctuations that are generated by complex noise stimuli 
 
As it was possible that the combination of a large number of modulated sine tones might affect the 
properties of the stimuli, the fluctuations in interaural time and level difference that were created 
were again investigated. The results are shown in Figure 3.4 and Figure 3.6. 
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Figure 3.4: The fluctuation in measured interaural time and level difference over time, 
calculated for amplitude modulated sine tones that were created using Equation 3.2, with fc = 
40 to 2560 Hz (spaced to give a pink noise frequency response), m = 1, and fm = 5 Hz. 
 
It can be seen in Figure 3.4 that with a more complex signal that consists of a large range of 
amplitude modulated sine tones, no fluctuations in interaural time difference were created. The 
measured fluctuations in interaural level difference are still apparent, though the measured result is 
not as clearly sinusoidal as that which was shown in Figure 3.1. This is due to the effect of the 
overall level of the audio signal at a given point in time on the simple level difference metric, in 
addition to the interaural level difference that is caused by the amplitude modulation. This is 
shown in more detail in Figure 3.5. 
 
  
 
3 Experiment methodology  
 Page 99 
0 0.005 0.01 0.015 0.02 0.025 0.03 0.035 0.04 0.045 0.05
-1
-0.5
0
0.5
1
Time (secs)
A
m
pl
itu
de
Left and right signals
0 0.005 0.01 0.015 0.02 0.025 0.03 0.035 0.04 0.045 0.05
-1
-0.5
0
0.5
1
Time (secs)
A
m
pl
itu
de
 d
iff
er
en
ce
Instantaneous amplitude difference
0 0.005 0.01 0.015 0.02 0.025 0.03 0.035 0.04 0.045 0.05
-1
-0.5
0
0.5
1
Time (secs)
A
m
pl
itu
de
 d
iff
er
en
ce
Instantaneous amplitude difference smoothed with 3ms window
 
Figure 3.5: Example of an amplitude modulated noise signal with a varying interaural level 
difference and the calculated interaural level difference that is measured using both an 
instantaneous sample-by-sample metric and a smoothed metric. 
 
It is clear from Figure 3.5 that the instantaneous interaural level difference is affected by the 
overall level of the signal at a given point in time. If the overall signal level drops to zero, then the 
interaural level difference also drops to zero. On the other hand, if the overall signal at a given 
time is of a higher level, then the interaural level difference is correspondingly higher. The fact 
that the measurement is affected by the characteristics of the audio signal that are similar in both 
ears is a limitation of the interaural level difference measurement. This problem is reduced by the 
use of smoothing, as can be seen in Figure 3.5, though the fluctuations due to the overall signal 
level are not completely removed.  
 
This error could be reduced further by using a longer duration for the smoothing average, though 
this would limit the maximum rate of variation of the interaural level difference that could be 
measured. Research that was outlined in Chapter 2 indicated that fluctuations in interaural level 
difference of a relatively high frequency affect the perceived spatial impression. Therefore, there is 
the problem of separating the fluctuations in interaural level difference that are of a similar rate to 
audio frequencies from the overall level of the audio signal itself. Wang and Gade developed a 
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technique for dealing with this error specifically for concert hall acoustics [Wang and Gade 2000]. 
They normalised the measured interaural level difference result by the original signal that was 
emitted from a loudspeaker in the concert hall. Whilst this may be an effective method for the 
analysis of concert hall acoustics, it is not applicable in all situations, and it requires that the 
original signal is known. The measured results may be improved by the application of a more 
complex time window for the smoothing, such as a window duration that is dependent on the audio 
frequency of the signal. However, further research is needed to determine this. 
 
Therefore, this limitation in the interaural level difference metric explains the low level errors and 
noise that is apparent in the example that is shown in Figure 3.4. However, the measurement is 
useful as an analysis tool and gives an indication of the interaural level differences that are created 
by the amplitude modulated stimuli, though it is not as accurate as may be required for some 
experiments.  
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Figure 3.6: The fluctuation in measured interaural time and level difference over time, 
calculated for frequency modulated sine tones that were created using Equation 3.1, with fc = 
40 to 2560 Hz (spaced to give a pink noise frequency response), m = 1, and fm = 5 Hz. 
 
The measurements of the frequency modulated noise stimulus, as shown in Figure 3.6, indicate 
that variations are created in both the interaural time and level difference over time. The measured 
fluctuation in interaural time difference is not as clearly sinusoidal as the example that contained a 
single pair of sine tones that was shown in Figure 3.2. The reason for this is that the maximum 
interaural time difference that is caused by the frequency modulation that is shown in Equation 3.1 
is dependent on the audio frequency of the sine tones. The relationship between the audio 
frequency and the maximum interaural time difference of a frequency modulated signal was 
derived by the author in [Mason et al. 2001a] and is shown in Equation 3.3.  
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Equation 3.3 
Maximum interaural time difference = 2m/2πfc 
 
where fc is the audio frequency 
m is the fluctuation magnitude 
[Mason et al. 2001a] 
 
The frequency modulated noise stimulus contained a large number of sine tones with a wide range 
of audio frequencies (values of fc), which meant that the fluctuations in interaural time difference 
of the stimulus contained a wide range of maximum interaural time differences, which varied by 
frequency. This resulted in a larger maximum interaural time difference at low frequencies and a 
smaller maximum interaural time difference at higher frequencies. The measurement that was 
shown in Figure 3.6 was wide-band, which included the whole range of the audio frequencies of 
the stimulus. Therefore this wide-band measurement also included the associated range of 
maximum interaural time differences. The fact that the measured result was no longer sinusoidal 
was due to the reaction of the measurement to the frequency range of the signal with the largest 
amplitude at a given point in time. Interaction between the sine tones within a given narrow range 
of frequencies meant that the overall signal level within this range varied over the duration of the 
stimulus. As this was different for each frequency range, the frequency range with the highest level 
of signal changed throughout the stimulus. This, in combination with the varying maximum 
interaural time difference by audio frequency, caused the measured result to be no longer 
sinusoidal.  
 
It can be demonstrated that the created interaural time difference was sinusoidal in narrow 
frequency bands, by passing the frequency modulated noise stimulus through a gammatone 
filterbank as discussed in Appendix A and measuring the resulting narrow-band signals. The 
results of this measurement are shown in Figure 3.7.  
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Figure 3.7: The fluctuation in measured interaural time difference over time in a number of 
different frequency bands, calculated for frequency modulated sine tones that were created 
using Equation 3.1 and passed through a Gammatone filterbank, with fc = 40 to 2560 Hz 
(spaced to give a pink noise frequency response), m = 1, and fm = 5 Hz. 
 
The result shown in Figure 3.7 confirms that, within narrow frequency bands, the measured 
fluctuations in interaural time difference were approximately sinusoidal, though a number of 
points appear to deviate from this trend due to an error in the measurement technique. This error is 
caused by the fact that for signals of a relatively high audio frequency, the period of that audio 
frequency causes there to be more than one peak in the resulting interaural cross-correlation 
coefficient measurement across the range of interaural delay (τ in Equation 1.4) over which the 
measurement is calculated, as shown in Figure 3.8. 
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Figure 3.8: Plot of the interaural cross-correlation coefficient across a range of τ of ±1 ms for 
a sine tone of 1000 Hz with an interaural time difference of -0.25 ms. 
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The plot in Figure 3.8 shows peaks in the cross-correlation calculation for values of τ of 
approximately -0.25 ms and 0.75 ms. In this situation, the measurement of the interaural time 
difference that is based on this calculation could give either of these values as the interaural time 
difference of the signal. For more complex signals, it is likely that one peak will have a higher 
maximum cross-correlation value than the other, however this may vary over time due to the 
specific characteristics of the signal. In this case, the measured result may ‘jump’ to indicate that at 
a given point in time the interaural time difference of the signal is at one or other of the peaks. This 
‘jumping’ between the interaural time difference values can be seen in a number of places in the 
result that is shown in Figure 3.7. It is possible that the measurement could be improved by the 
implementation of a process that judges the plausibility of the result by comparing a given 
calculation with those made immediately before or after. However this needs further research 
before it can be implemented. 
 
The range of maximum interaural time differences at different audio frequencies that were created 
by the frequency modulation also caused the measured fluctuations in interaural level difference to 
be of a greater magnitude, as can be seen in Figure 3.6. Some of the measured variations that are 
apparent were due to the errors in the measurement technique, as discussed above. However, it can 
be seen from the plot of a segment of the frequency modulated stimulus that is shown in Figure 3.9 
that there is a variation in the interaural level difference as well as a variation in the interaural time 
difference.  
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Figure 3.9: Left and right ear signals for frequency modulated sine tones that were created 
using Equation 3.1, with fc = 40 to 2560 Hz (spaced to give a pink noise frequency response), 
m = 1, and fm = 5 Hz. 
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The variation in the interaural level difference is also due to the range of maximum interaural time 
differences at different audio frequencies that are generated by the frequency modulation that was 
used to create the stimulus. This can be demonstrated by passing the frequency modulated stimulus 
through a Gammatone filterbank and analysing the fluctuations in interaural level difference of the 
resulting narrow-band signals. The results of this analysis, shown in Figure 3.10, indicate that the 
measured variations in the interaural level difference are of a similar magnitude to those that were 
created for the single sine tone stimulus shown in Figure 3.2.  
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Figure 3.10: The fluctuation in measured interaural level difference over time in a number of 
different frequency bands, calculated for frequency modulated sine tones that were created 
using Equation 3.1 and passed through a Gammatone filterbank, with fc = 40 to 2560 Hz 
(spaced to give a pink noise frequency response), m = 1, and fm = 5 Hz. 
 
The fact that the variation in the interaural level difference is much smaller when the signal is 
considered in narrow bands is also apparent when viewing the signals that reach the right and left 
ears when passed through a Gammatone band-pass filter. This is shown in Figure 3.11. 
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Figure 3.11: Left and right ear signals that were passed through a narrow Gammatone band-
pass filter centred on 450 Hz, calculated for frequency modulated sine tones created using 
Equation 3.1, with fc = 40 to 2560 Hz (spaced to give a pink noise frequency response), m = 1, 
and fm = 5 Hz. 
 
The plot of the band-pass filtered signal that is shown in Figure 3.11 indicates that, within narrow 
frequency bands, the frequency modulated stimulus contained fluctuations in interaural time 
difference, with minimal variations in interaural level difference. As the fluctuations in interaural 
time difference were of a much larger magnitude than the variations in interaural level difference, 
it was expected that the presence of the low-level fluctuations in interaural level difference would 
not significantly affect the experiment results. 
 
It must be considered how the narrow-band measurements that were displayed and discussed 
above relate to the perception of the measured stimuli. It is well established that the transducers in 
the ear (the individual hair cells in the cochlea) respond to the audio signal in a manner that 
mimics passing the audio signal through a band-pass filter [Moore 1997]. To simulate this 
frequency selectivity, the measurements that are displayed above employed a gammatone 
filterbank. This meant that the resulting signals that were analysed had a similar frequency 
spectrum to those that may be output by the hair cells of the cochlea. It is not yet clear whether the 
analyses that are carried out in higher processes in the brain, such as may be required to detect 
fluctuations in interaural time and level difference, are conducted on these narrow-band signals, or 
whether they are re-combined into a wide-band signal before analysis. However, there is evidence 
that at least some of the higher-level perceptual processes are conducted in different frequency 
bands, as evidenced by the different perceived effect of different audio frequency regions [Blauert 
and Lindemann 1986a] and [Moore 1997]. Therefore it is possible that the narrow-band 
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measurements that were used above may be more perceptually relevant than the wide-band 
measurements, and as such the perceived effect of the noise stimuli may be more similar to the 
narrow-band measurements than the wide-band measurements.  
 
From this analysis, the following conclusions were drawn. Firstly, noise signals that were made up 
of a large number of pairs of amplitude modulated sine tones created sinusoidal fluctuations in 
interaural level difference, with no variation in interaural time difference. Secondly, noise signals 
that were made up of a large number of pairs of frequency modulated sine tones created sinusoidal 
fluctuations in interaural time difference whose maximum interaural time difference was 
dependent on the audio frequency. When this was measured using a wide-band metric, these 
frequency modulated sine tones were also found to create variations in interaural level difference. 
However, when the stimulus was analysed in narrow frequency bands – a technique that may be 
more perceptually relevant – there was only a small variation in the interaural level difference, 
which was mostly due to limitations in the measurement technique. Examination of the filtered 
frequency modulated stimulus indicated that, in addition to the sinusoidal fluctuations in interaural 
time difference, there were small variations in the interaural level difference. However, it was 
considered that the magnitude of these variations was low enough that they would not affect the 
experiment results. Therefore, for the purposes of these experiments, the fluctuations in interaural 
time and level difference could be created by frequency and amplitude modulated sine tones 
respectively, with reasonable independence.  
3.3.3 Analysis of the interaural cross-correlation coefficient of complex noise stimuli 
 
As mentioned in Chapter 2, fluctuations in interaural time and level difference that are contained 
within an auditory signal have an effect on the measured interaural cross-correlation coefficient, 
such that an increase in the magnitude of the fluctuations lowers the cross-correlation. In addition, 
it was discussed that it is possible that there is no perceptual mechanism for detecting the 
fluctuations directly, and that the changes in the magnitude of the fluctuations are perceivable due 
to the resulting change in the interaural cross-correlation coefficient. It was concluded that an 
investigation of the subjective effect of the fluctuations in interaural time and level difference may 
provide additional information on how these fluctuations and the interaural cross-correlation 
coefficient are related, and whether they are detected through different perceptual mechanisms. 
One method that could be used to evaluate this would be to investigate the subjective effect of the 
frequency and amplitude modulated noise stimuli. The results of this could then be compared with 
the results of experiments that investigated the subjective effect of the interaural cross-correlation 
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coefficient that used stimuli that were created by mixing uncorrelated noise signals in various 
proportions.  
 
However, it was noted that as the fluctuations and the cross-correlation are intrinsically linked, it 
may be that the mixed noise and modulated stimuli contained similar properties. For this reason, 
both types of stimulus were analysed using identical measurement techniques, in order to 
investigate the differences between them that may be exploited in investigating the independence 
of the cross-correlation and fluctuation perceptual mechanisms. 
 
The interaural cross-correlation coefficients of amplitude and frequency modulated noise stimuli 
were measured using a long-term measurement of a duration of 1 second of the stimuli, and across 
a range of τ from –1 to +1 ms using Equation 1.4. As the results of the measurements of the 
fluctuations in interaural time and level difference that were shown in Section 3.3.2 indicated some 
differences by audio frequency, the interaural cross-correlation coefficient of the modulated noise 
stimuli was also analysed in narrow frequency bands. This is shown in Figure 3.12. 
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Figure 3.12: Interaural cross-correlation coefficient measurements that were made in a 
number of narrow frequency bands, calculated for a frequency modulated noise stimulus 
(left plot) and an amplitude modulated noise stimulus (right plot) that were created using 
Equation 3.1 and Equation 3.2 and passed through a Gammatone filterbank, with fc = 40 to 
2560 Hz (spaced to give a pink noise frequency response), m = 1 and fm = 5 Hz. 
 
It can be seen in Figure 3.12 that, for both the amplitude and frequency modulated noise stimuli, 
the maximum interaural cross-correlation coefficient that was measured in narrow bands was 
approximately equal across the range of audio frequencies.  
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These results were then compared with measurements of stimuli that are typical of those that were 
used in experiments that investigated the subjective effect of the interaural cross-correlation 
coefficient of signals. As discussed in Chapter 1, these stimuli were commonly created by mixing 
uncorrelated noise signals in various proportions to create various levels of interaural cross-
correlation. In order to investigate the difference between these stimuli and the stimuli that were 
created by the frequency and amplitude modulation methods as discussed above, the properties of 
a mixed noise stimulus were analysed.  
 
The stimulus for analysis was created from two uncorrelated white noise stimuli, n1 and n2. These 
were combined to create the signals at the ears, as shown in Equation 3.4. 
 
Equation 3.4 
l = n1 + n2/1.5  
r = n1 – n2/1.5 
 
where l is the left ear signal 
r is the right ear signal 
The interaural cross-correlation coefficient and the fluctuations in interaural time and level 
difference of this stimulus were analysed using the same methods as were used to analyse the 
frequency and amplitude modulated signals to allow comparison. The results are shown in Figure 
3.13 to Figure 3.15. 
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Figure 3.13: Interaural cross-correlation coefficient measurements that were made in a 
number of narrow frequency bands, calculated for the mixed noise stimulus that was created 
using Equation 3.4 and passed through a Gammatone filterbank. 
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Figure 3.14: The fluctuation in measured interaural time difference over time in a number of 
different frequency bands, calculated for the mixed noise stimulus that was created using 
Equation 3.4 and passed through a Gammatone filterbank. 
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Figure 3.15: The fluctuation in measured interaural level difference over time in a number of 
different frequency bands, calculated for the mixed noise stimulus that was created using 
Equation 3.4 and passed through a Gammatone filterbank. 
 
It can be seen that the results of the interaural cross-correlation coefficient measurement of the 
mixed noise stimulus are very similar to the results of similar measurements of the amplitude and 
frequency modulated noise stimuli. These are shown in Figure 3.12 and Figure 3.13 respectively. 
However, the results of the measurements of the fluctuations in interaural time and level difference 
of the mixed noise stimulus, shown in Figure 3.14 and Figure 3.15, are very different to the results 
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of equivalent measurements of the frequency and amplitude modulated noise stimuli shown in 
Figure 3.4, Figure 3.7 and Figure 3.10. The measurements of the mixed noise stimulus 
demonstrate that the fluctuations in interaural time and level difference in the stimulus are 
essentially random, as may be expected from a combination of random noise signals. This is a 
large contrast to the sinusoidal fluctuations that are shown in the measurements of the frequency 
and amplitude modulated noise signals. 
 
These differences between the mixed noise and modulated noise stimuli can be exploited to 
investigate the possible perceptual mechanisms that are employed in subjective spatial perception. 
For instance, if the spatial attributes of the mixed noise and modulated noise stimuli are perceived 
to be different, this might indicate that the fine structure of the fluctuations in interaural time or 
level difference can be perceived. On the other hand, if the spatial attributes of the mixed noise and 
modulated noise stimuli are perceived to be similar, then this will indicate that the fine structure of 
the fluctuations in interaural time or level difference is not perceivable. In addition, if the spatial 
attributes of the two types of stimulus are perceived to be similar, it is possible that they are both 
perceived by the use of the same perceptual process. It is possible that the stimuli will be perceived 
as containing similar properties by the use of two individual perceptual processes, however the 
author considers it unlikely that two different perceptual processes will result in the same 
perceived effect.  
 
If it is the case that the spatial attributes of the stimuli are perceived by the use of a single 
perceptual mechanism, whether this mechanism is based on the detecting the cross-correlation or 
the fluctuations that are contained within the stimuli will not be clear from these experiments. An 
indication of the process that is involved may be obtained from an evaluation of the success of 
measurements based on quantifying the parameters of either the cross-correlation or the 
fluctuations that are contained within a number of stimuli. Assuming that at least one of the 
measurement techniques is similar to the perceptual process, it is likely that the most similar 
technique will predict the subjective effect of the stimuli more accurately. However, further 
experimentation would be required to confirm these results. 
3.3.4 Summary of the stimulus creation method 
 
The analysis that is contained in this chapter showed that the use of frequency or amplitude 
modulated sine tones created fluctuations in interaural time or level difference respectively, and 
with reasonable independence. It was also shown in Chapter 2 that these fluctuations affect the 
interaural cross-correlation coefficient similarly, with a higher magnitude of modulation causing a 
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lower maximum cross-correlation coefficient over the range of τ = ± 1 ms. Analysis of the mixed 
noise stimuli that were employed in previous experiments to examine the subjective effect of 
variations in the interaural cross-correlation coefficient showed that these stimuli result in similar 
cross-correlation measurements to the modulated noise stimuli, but they contain very different 
measured fluctuations in interaural time and level difference over time.  
 
In view of this, an investigation of the subjective spatial effect of either the frequency or amplitude 
modulated noise stimuli should result in the discovery of the subjective effect to which a 
measurement of the fluctuations in interaural time or level difference respectively should relate. 
An investigation of the subjective effect of these modulated signals will also provide more 
information regarding whether the fluctuations are perceived directly or whether they are 
perceivable due to their effect on the interaural cross-correlation coefficient. 
 
The author considered that it would not be possible to undertake a detailed investigation of the 
subjective effect of both the fluctuations in interaural level and time difference within the time 
scale available. Therefore, it was decided to concentrate initially on the fluctuations in interaural 
time difference over time, as it was this factor that Griesinger specifically related to the perceived 
envelopment of sound reproduction systems in small rooms [Griesinger 1998]. Depending on the 
results of this investigation, the subjective effect of fluctuations in interaural level difference over 
time may be investigated at a later date. 
 
3.4 Elicitation method 
 
The purpose of the experiment was to obtain an accurate description of the perceived spatial 
properties of the experimental stimuli. The only way of gaining direct access to the perception 
would be for the experimenter to be the subject. Whilst these self-testing experiments are useful as 
a preliminary enquiry, it is generally accepted that for greater reliability with potentially less 
biased results, a listening panel comprising of a number of subjects would be preferable. However, 
this raises the problem of eliciting the perception of the auditory event from a number of subjects 
as accurately as possible. 
3.4.1 Verbal elicitation  
 
The process of elicitation from a subject involves communication between the subject and the 
experimenter. For the majority of the elicitation experiments that have investigated the attributes 
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of auditory stimuli, this communication has been in the form of verbal semantics, where the 
subjects describe their perception of the sound in their own verbal language. The advantage of 
these verbal descriptors is that they are easy to relate to, and later they can be used as a common 
scale for many subjects [Deese 1965]. As verbal language is the principal means of human 
communication, it is therefore logical that it is the most common form that is used for elicitation. 
 
This type of elicitation has been used successfully to elicit the spatial attributes of reproduced 
sound by a number of researchers through the use of a range of techniques, including the 
Repertory Grid Technique that was applied by Berg and Rumsey [Berg and Rumsey 1999a] and 
the Audio Descriptive Analysis and Mapping that was applied by Zacharov and Koivuniemi 
[Zacharov and Koivuniemi 2001].  
3.4.2 Limitations of verbal elicitation methods 
 
However, verbal semantics may not be the optimum form for communicating certain perceived 
auditory attributes. There is evidence that verbal descriptors will be less forthcoming if the source 
is more abstract and difficult to describe [Olson and Bialystok 1983].  
 
More specifically, for experiments that are focused on eliciting the spatial attributes of stimuli, 
Olson and Bialystok surmised that a great deal of spatial cognition is subconscious, and not easy to 
explain in words. This means that it may be difficult for subjects to find suitable words to describe 
the spatial attributes of auditory stimuli. This is supported by evidence from elicitation 
experiments that investigated the spatial attributes of reproduced sound that showed that some 
subjects find it very difficult to verbalise certain attributes [Berg 2000]. 
 
In addition to this, Kosslyn theorised that the ease of mentally conceiving a perceived object using 
words was related to the familiarity of the task [Kosslyn 1981]. In other words, if subjects 
commonly use words to recall a perceived attribute or object, then they will find it simple to 
describe using words. However, if a perceived attribute or object is not commonly conceived in 
words, then it may be recalled as a mental image. In this case, it may be difficult to convert the 
mental image to verbal descriptors.   
 
As the frequency modulated stimuli were unusual and different in nature to common programme 
material and natural sounds, and it was the perceived spatial attributes of the stimuli that were of 
interest, then it was expected that a verbal elicitation experiment would be difficult for the 
subjects. This was tested in an informal listening session that was carried out by the author using a 
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number of expert listeners. The results confirmed the expectations that it was difficult to describe 
the spatial attributes of the stimuli using verbal descriptors. The subjects commented that one 
reason for the difficulty was that it was impossible to compare the perception to a known reference 
and therefore it was difficult to find suitable terms to describe the perceived effect satisfactorily.  
 
In addition to the potential difficulty in verbally describing the spatial attributes of the auditory 
stimuli, it was found that the use of verbal descriptors also suffers from a lack of accuracy when 
used to communicate the quantitative parameters that are common in spatial perception, such as 
size and distance. This was examined by Leibowitz, Guzy, Peterson and Blake, who hypothesised 
that the large cognitive distance from visually processed information to a verbal descriptor could 
be the cause of large error, and that a non-verbal technique may provide greater accuracy 
[Leibowitz et al. 1993]. For example, when asking a subject to give an estimate of size or distance, 
they will frequently indicate using fingers or arms whilst attempting to verbalise the dimension. 
 
Any inaccuracy of the verbal response may also be due to the inaccuracy of linguistic descriptors. 
Physical space can be separated into a practically infinite number of positions or directions. 
However, the language that is used to describe space tends to represent only binary alternatives, 
such as ‘up / down’, ‘left / right’, ‘forward / back’, etc. [Ogden 1932]. A number of these terms 
can of course be combined such as ‘up, to the right, forward’, and this can be related to given 
reference points. However, beyond a certain level, it may be impossible to accurately describe 
positions using words, certainly without the use of external references given by the experimenter.  
 
The inaccuracy of verbal descriptors has also been found in the results of auditory localisation 
experiments. Haber, Haber, Penningroth, Novak and Radgowski found that naming directions 
based on the divisions of a clock face, whilst being the easiest to use, resulted in the worst results 
in terms of accuracy and variability [Haber et al. 1993]. They assumed that the verbal response 
was adding a further cognitive load to the descriptive process. Evans also hypothesised that having 
subjects name angles of azimuth and elevation was non-intuitive and therefore less accurate due to 
the additional cognitive processing that was required [Evans 1998]. 
 
Therefore, it was considered that verbal descriptors may not be appropriate for experiments that 
aim to elicit the subjective spatial effect of a number of stimuli. In view of this, the suitability of a 
number of alternative elicitation methods was evaluated for use in uncovering the subjective 
spatial effect of the stimuli as accurately as possible. 
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3.4.3 Alternatives to verbal elicitation methods 
 
Initial research indicated that some form of non-verbal elicitation method could be used for the 
experiment. For the purpose of this thesis, non-verbal elicitation techniques are defined as methods 
that enable the communication of the perceived properties of an auditory event without the use of 
verbal semantics or words. This includes methods such as pointing, drawing, gesturing, matching 
to samples and manipulating external devices. Whilst other aspects of non-verbal communication, 
such as facial expressions, tone of voice and body language, may be important for some forms of 
communication, the author considered that their use in describing the spatial attributes of sound 
was limited, and therefore they were not investigated further.  
 
It is apparent that non-verbal representations naturally complement the limitations of verbal 
language. For example, it is common that a person will gesture with their hands during a 
conversation, to convey information such as size or direction. In addition, written language is 
frequently accompanied by diagrams or pictures that help to explain a certain point more clearly. 
Therefore it is possible that for some tasks, non-verbal representations could be used in the place 
of words, or at least in addition to the verbal elicitation process, in order to enhance the accuracy 
and reliability of the communication.  
 
Such non-verbal techniques of communication have been used previously in auditory experiments 
to elicit the subjective spatial effect of stimuli. The most commonly employed method has 
involved the use of pointing to communicate the perceived position of scene components in simple 
localisation experiments such as [Thurlow and Runge 1967], [Oldfield and Parker 1984] and 
[Middlebrooks 1992]. Similar localisation experiments have also been carried out using a method 
in which subjects indicated the position on a plan view, including [Feree and Collins 1911], 
[Nielsen 1991], [Møller et al. 1996], and [Begault and Wenzel 2000]. Other auditory spatial 
attributes, such as perceived source size, have been elicited using either the manipulation of visual 
indicators [Morimoto and Iida 1995], the manipulation of an audible reference [Barron and 
Marshall 1981] or by using an external visible scale [Okano et al. 1998]. Further experiments have 
examined spatial attributes, such as perceived source size, by using methods based on depicting 
the perceived scene components on sketch-maps [Chernyak and Dubrovsky 1968], [Plenge 1972], 
[Blauert and Lindemann 1986a] and [Martens 1999]. 
 
Despite the use of a range of non-verbal techniques that are available for eliciting the spatial 
attributes of auditory events, it was found that there was a lack of detailed research into the relative 
advantages and disadvantages of non-verbal as opposed to verbal elicitation techniques. In 
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addition, the suitability of different non-verbal elicitation techniques for different tasks have not 
been evaluated. In view of this, the author, together with Ford, Rumsey and de Bruyn, conducted 
detailed research into the potential benefits and limitations of various non-verbal elicitation 
techniques. The salient points are summarised here, though for a more detailed discussion the 
reader is referred to [Mason et al. 2001c]. 
 
As mentioned above, there are limitations to the use of verbal descriptors for describing the 
perceived spatial attributes of auditory stimuli. These include problems with finding appropriate 
words for describing a perceived effect, limitations in the accuracy to which a perception can be 
described, and the additional interpretation and cognitive load that may be required to convert the 
perception to a verbal description. It was found in the literature that the use of non-verbal 
techniques may help to avoid some of these problems.  
 
Firstly, the types of non-verbal communication methods that were considered were inherently 
spatial, though each method allowed the communication of different spatial attributes. Therefore 
the specific method had to be chosen that would best suit the task. Secondly, description using 
non-verbal methods can be more accurate than using verbal descriptors, as found by Leibowitz, 
Guzy, Peterson and Blake [Leibowitz et al. 1993]. Thirdly, it appears that the cognitive processes 
of auditory and visual20 spatial perception are closely linked and therefore little interpretation is 
required to convert the perception in one domain to the perception in another domain, thus 
resulting in little error being introduced by the conversion [Auerbach and Sperling 1974]. Finally, 
both Evans [Evans 1998] and Haber and colleagues [Haber et al. 1993] found that non-verbal 
responses were more accurate and less variable than verbal responses. They assumed that this was 
due to the lesser mental processing and interpretation required to convert the perception to a non-
verbal response as opposed to a verbal response.  
3.4.4 Evaluation of non-verbal elicitation methods 
 
As mentioned above, different types of non-verbal elicitation may be more suitable for different 
tasks. Therefore, in order to choose the most appropriate elicitation method, the author considered 
the types of responses that were required. Firstly, the responses had to communicate the spatial 
                                                          
20 All the types of non-verbal representation can be argued to be in the perceptual domains of 
vision and motor action. For a person to draw or gesture involves the use of motor action to move 
the arm, as well as visual perception to provide a ‘feedback loop’ that monitors the accuracy of the 
given motion. 
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attributes of the stimuli, such as the perceived location and dimensions. Secondly, it was possible 
that the perceived auditory scene would consist of more than one component21 and therefore the 
elicitation method needed to be able to accommodate this. Thirdly, it was possible that scene 
components might be perceived to be either within the head or externalised. Finally, it was 
expected that the scene might contain either stationary or moving components. 
 
Based on these requirements and the research that was outlined in [Mason et al. 2001c], it was 
decided that a non-verbal sketch-map elicitation method would be most suitable. Firstly, the 
experiment required the location, distance and size of the scene components to be communicated 
using whatever method was chosen. Even though pointing techniques, such as turning to face the 
perceived scene component or pointing with a finger or external implement, were found to be most 
accurate and reliable, they are limited to only being able to communicate direction [Haber et al. 
1993]. Therefore in order to communicate distance, another technique needed to be considered. 
 
Secondly, as there may have been more than one component of which the attributes needed to be 
communicated for each stimulus, it was necessary that the non-verbal elicitation technique could 
show the responses that had already been given. This would allow the subject to compare the 
response of a component already described with the response currently being given. If this was not 
possible and the subject was required to remember how they responded previously to a particular 
part of the auditory scene, then this would have introduced additional errors into the elicitation 
process. This meant that techniques such as pointing would be difficult to implement, as it would 
be complicated to provide an indication of the attributes previously described.  
 
Thirdly, as it was expected that some of the scene components would be perceived to be either 
within or close to the head, it would be difficult to indicate and record this by using a pointing 
technique. In addition, it would also be difficult to indicate the position of sources within the head 
by the use of techniques which involved the manipulation of external audible or visual markers to 
position them in the location where the sound was perceived.  
 
                                                          
21 For this thesis the term ‘scene component’ has been used instead of the more common terms of 
‘sound source’ or ‘sound object’. This is to differentiate that in reproduced sound, the source of the 
sound is in fact usually loudspeakers or headphones, and that for more abstract signals such as 
noise, separate components may be perceivable with different attributes, though they are part of 
the same ‘object’. 
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Finally, the elicitation method had to allow the ability to describe the attributes of both moving and 
stationary scene components. This again would be difficult to communicate using a pointing or 
manipulation method. 
 
It was concluded from the research outlined above that a sketch-map approach would be most 
suitable for this particular elicitation task. This requires the subjects to depict a plan or elevation 
view of the perceived scene components. This method allows the communication of location, 
distance and size of a potentially unlimited number of scene components, and previously depicted 
scene components can be viewed on the map as new components are depicted. In addition, scene 
components can be depicted either within or outside the head, and the size and trajectory of 
moving scene components can also be communicated. 
 
However, with the use of a sketch-map technique there is the problem of having to translate an 
essentially egocentric22 three-dimensional experience onto a two-dimensional plan view. As 
mentioned above, egocentric pointing methods of communicating the direction of a scene 
component were more accurate and reliable than externalised methods such as turning a dial or 
drawing a line to point towards the perceived sound [Haber et al. 1993]. The inaccuracy of the 
externalised two-dimensional methods is partially due to the mental translation that is required to 
convert the egocentric perception to the two-dimensional plan view. This conversion is dependent 
on the ability of the subject to make the mental transformation and it is possible that mistakes will 
be made in the process. In addition, the use of a plan representation may be open to systematic 
inaccuracies, due to the parallax error that would be caused by the difference between the 
perceived and represented egocentres, and due to the methods that the subjects might employ to 
calculate angles from the reference points. 
 
Even though it appears that the use of a sketch-map elicitation technique may be less accurate than 
a pointing method, the accuracy that was required for this elicitation task was less than may be 
needed for a simple localisation experiment. The reason for this is that the aim of these 
experiments was to discover the overall impression of the perception, rather than a particular 
precision of localisation. In addition, the loss of accuracy was counteracted by the ability to 
                                                          
22 In this case egocentric methods of communication are defined as those which indicate the 
position of an object with respect to some part of the body of the subject (for audition this is 
usually the centre of the head directly between the ears) with no reference made to any external 
point or place. This follows the definition used by Howard and Templeton [Howard and 
Templeton 1966]. 
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describe a whole auditory scene, the ability to give distances and sizes of scene components rather 
than a single location, and the ability to communicate the trajectory and size of moving scene 
components. Also, the differences between the stimuli were expected to be large enough for 
absolute accuracy not to be essential.  
 
3.5 Analysis of non-verbal elicitation data 
 
The methods that are available for analysing more common verbal elicitation and scaling 
experiments are not appropriate for application to the results of the sketch-map elicitation 
experiments. Therefore the author had to consider other techniques that are available for analysing 
the depicted results in detail. 
 
A verbal elicitation experiment would allow analysis of the elicited words, and the use of these 
words as scales or categories in further experiments. The work of Berg and Rumsey on the 
Repertory Grid Technique shows a good overview of the analysis and interpretation that is 
possible [Berg and Rumsey 1999a & b] and [Berg and Rumsey 2000a & b]. The results from 
experiments that are conducted on auditory stimuli by using numerical ratings of such scales can 
then be analysed using familiar statistical analysis tools, such as t-tests or analysis of variance 
(ANOVA) as proposed in the standards documents such as [ITU-R BS 1116 1997] and [IEC 
60268-13 1998]. 
 
Any mathematical analysis relies on the data being represented in a numerical form. 
Unfortunately, most non-verbal experiment procedures result in data that is not numerical and 
therefore the data needs to be converted to a numerical form in order to enable mathematical 
analysis. This conversion is possible for most experiment types, but must be carried out with care, 
and may not be able to represent all the information that was elicited from the subject. A review of 
the literature revealed that previous experiments that had made use of non-verbal sketch-map 
methods reported the results graphically or made intuitive judgements of the results. In view of 
this, the author proposed a number of methods that may be appropriate for this conversion and 
evaluated each of these, whilst considering of some of the potential problems.  
3.5.1 Conversion of elicited results to a numerical form 
 
The method that is available for interpreting and analysing the results depends on the experimental 
procedure that has been used. If the experiment is a simple localisation experiment that was carried 
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out using an egocentric pointing method, then the resulting data can be transformed into a set of 
error angles away from the true direction, as shown in [Haber et al. 1993]. This data set can then 
be entered into conventional statistical analysis. A slightly different method was employed by 
Damaske, who plotted charts of actual location against perceived location, and denoted the 
percentage of choices at a particular position on the plot as points of various sizes [Damaske 
1971]. In addition, a special branch of statistics termed ‘circular statistics’ exists, which allows 
analysis of angular data. More information can be found in [Batschelet 1981]. 
 
If statistical analysis methods are required to examine the data that have been elicited in sketch-
map experiments, then the data has to be transformed to a numerical representation. It may be 
argued that the data does not need complicated statistical analysis, as it is already in a form that 
can be examined intuitively. In other words, it is easier to comprehend the data that are contained 
in a graphical representation than the data that are contained in a table of numbers [Weiss 1989]. 
However, conventional data analysis techniques may be required in order to simplify description 
of the data and to enable inferences to be drawn.  
3.5.2 Analysis by scene component 
 
It can be assumed that the sketch-map of an auditory scene represents an actual map of perceived 
positions [MacEachren 1995]. If this is so, then the dimensions of the attributes can be measured 
to create numerical data. The attributes that can be measured from a sketch-map representation are 
the position and size of each of the scene components. Assuming that all three dimensions are 
represented, then each of these attributes can be measured in all three dimensions.  
 
The position of the centre of a scene component is the attribute that is commonly elicited in a 
localisation experiment. For a three-dimensional representation this would consist of a single value 
for each dimension, though for the more common pointing method this would be limited to two 
dimensions, as distance cannot be represented. The measurements are made with reference to the 
egocentre and are therefore azimuth, elevation and distance. Measuring the position of a single 
point of a scene component allows the comparison of the positions of the different scene 
components, even though they may not all be of the same perceived size. The author considered 
that the centre position is a logical standard to use for each of these measurements. 
 
The size of the scene components can also be measured in terms of width, height and depth. The 
method used for measuring the height and width of the scene component needs to be chosen with 
care. The reason for this is that the distance of the scene component from the egocentre determines 
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the ratio between the subtended angle and the height or width represented on the sketch-map. This 
is shown in Figure 3.16 below.  
 
 
Figure 3.16: Diagram of the difference in subtended angle for the same scene component 
depicted at two different distances. 
 
Research has shown that the results of source distance judgements are very different for individual 
subjects, especially if there is no reference stimulus [Nielsen 1991]. On the other hand, it has been 
shown that width can be accurately and reliably judged [Blauert 1997]. Therefore, in order for the 
measured width not to be confounded by the relatively variable depicted distance, the 
measurement technique should match the method that was employed to judge and depict the width 
of the scene components as accurately as possible. The research of Ford indicated that subjects 
depict the width of an auditory stimulus based on the subtended angle [Ford 2001]. Therefore, it is 
preferable for the width to be measured as a subtended angle rather than a length.  
Elicited scene component 
at distance A 
Component width (m) 
Elicited scene component 
at distance B 
Angle subtended by scene 
component at distance A 
Angle subtended by scene 
component at distance B 
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However, there are situations in which the use of the subtended angle as a width measurement is 
unsuitable, for instance when one or more of the scene components overlaps the egocentre. In this 
case, a measurement of the subtended angle will give a result of 360º, even when scene 
components are of a different size and therefore have different widths when measured using the 
length method. Further investigation is needed to ascertain whether subjects use a different method 
for judging the width of scene components that are perceived to be close to or within the head. 
However, it is apparent that in this case the subtended angle cannot be used to measure the width 
and that a length metric is more appropriate.  
 
Therefore, it appears that for distant scene components, a subtended angle metric may be 
preferable, and that for a close or internalised scene component a length metric may be preferable. 
However, comparison cannot be made directly between these two methods and therefore a single 
method should be used in an experiment. As it was expected that the experimental stimuli that 
were used in these experiments might result in scene components that would be perceived to be 
within the head, then the length metric would be more appropriate.  
 
The width of a scene component that is calculated using the length method should logically be 
measured along the dimension parallel to the left / right plane with respect to the head. In a similar 
manner, height and depth should be measured up / down and front / back respectively. However, 
when measured on a sketch-map, the actual measurement depends on whether the head is 
considered to be fixed with respect to the response sheet, or free to rotate.  
 
This can be examined using width as an example. If the head is fixed, then the width can always be 
measured in the dimension parallel to the left / right axis of the head, as may be depicted on the 
response sheet. However, if the head is free to rotate to point towards scene components that are to 
the side, then the width dimension that is parallel to the left / right plane of the head will also 
rotate. For the purposes of this thesis, the two measurement strategies are termed ‘fixed’ and 
‘free’, and are shown for a width measurement in Figure 3.17. 
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Figure 3.17: Diagram of the measurement of width using two measurement strategies for the 
same scene component that is depicted at two positions around the head. 
 
The choice of measurement strategy also depends on whether the scene components are depicted 
as outside or within the head. If one or more scene components are depicted to be within the head 
and overlapping the egocentre, then it may be that the fixed measurement strategy is most 
appropriate. This is due to the fact that it is unlikely that the head will be turned to consider the 
dimensions of this component. If, however, the scene components are depicted as externalised and 
arranged all around the subject, then it may be most appropriate that the free measurement strategy 
is used, as the subject may turn their head to face each scene component as they consider it. 
 
Elicited scene component 
at azimuth B 
Component width with 
fixed head (m) 
Elicited scene component 
at azimuth A 
Component width with 
free head (m) 
Component width with 
free head (m) 
Component width 
with fixed head (m) 
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There is again a problem of comparing measurements that are made using the different strategies. 
Therefore the results from all the stimuli need to be considered when making the decision of how 
to measure the dimensions of height, width and depth.  
 
Depending on the shape of the representation of the scene component, simple height, width and 
depth attributes may not describe the component accurately. If this is the case, then more complex 
measurements could be taken, although this makes the task of comparing the attributes of the 
scene components more difficult. However, it is unlikely that the shape of a scene component can 
be clearly perceived, and therefore it is most likely that the depictions of the spatial attributes of 
the scene components will be in terms of simple blocks or ellipses.  
 
Assuming that the primary scene components are perceived to be located in front of the subject, 
then for ease of mathematical analysis, the azimuth should be measured across a range of –180º to 
+180º, with 0º directly in front of the subject. This eliminates the numerical break that would occur 
by measuring clockwise from directly in front of the subject. 
 
Once any of these attributes has been measured and represented in some numerical form, they can 
be analysed using conventional statistical methods. The choice of method depends on the 
experiment requirements, including whether it is necessary to measure the differences between 
subjects or the differences between stimuli, and whether the data meet the assumptions of 
parametric analysis techniques. 
3.5.3 Analysis of the whole scene 
 
In addition to analysis of the individual scene components as discussed above, similar attributes of 
the entire scene or parts of the scene can also be analysed. For the experiments that are described 
in the following chapters, it was possible that the stimuli may be depicted as consisting of more 
than one scene component. However, due to the abstract nature of the stimuli, it was also possible 
that the number of depicted scene components would vary between the responses from each 
individual subject. Therefore it was decided that, unless there was a consistent trend of certain 
scene components being depicted in a majority of the responses, then the primary analysis would 
be of the dimensions of the scene as a whole.  
 
This is in contrast to an experiment that uses more conventional programme material in which 
there are identifiable musical instruments. In this case, the number of scene components that are 
represented could be a measured factor. For example, a stimulus that is presented using one 
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reproduction system may result in some scene components being masked, whereas presentation 
using a different reproduction system would reveal them. In addition, if scene components were 
consistently depicted by all the subjects, the attributes of other groups in the scene, such as specific 
musical ensembles, could be analysed as required by the experiment.  
3.5.4 Density plots 
 
A useful technique for enabling an overview of the results from a number of sketch-map responses 
is the use of density plots. Density plots are a summation of the data from a number of subjects or 
test runs. They can be used when the subject has drawn points or areas to represent a scene 
component.  For each test run, a response in a particular area of the response sheet is counted as a 
1. A number of these response sheets are summed to give a density plot. If two response sheets 
include a response at the same point then they sum to give a value of two. If more or less response 
sheets have responses at a certain point, then they sum to give the respective value. A simple 
example is given in Figure 3.18 and Figure 3.19 below. 
 
 
Figure 3.18: Example sketch-map responses from two subjects that depict the perceived size 
and position of a scene component. 
 
 
Figure 3.19: Example density plot that is calculated from the two responses that are shown in 
Figure 3.18 above. 
 
Response from subject A 
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Blauert and Lindemann used this technique to analyse the depictions of the spatial attributes of a 
number of auditory stimuli [Blauert and Lindemann 1986a]. They asked the subjects to draw the 
perceived edge of scene components on paper. The resulting circles on each subject’s sheet were 
filled with black, and then placed one by one in front of a camera and exposed onto the same 
frame of film. The result was a density plot that showed the darker regions where more subjects 
had judged the sounds to be placed, and lighter regions where fewer subjects had judged the sound 
to be positioned. For the experiments that are described in the following chapters, this analysis was 
achieved more simply by the use of a computer, although custom MATLAB scripts had to be 
written by the author to complete the analysis, as there is not a standard software package for this.  
 
The representation of the data in a density plot has a number of uses, even though it is difficult to 
analyse the results mathematically. Firstly, it is useful to get an overall impression of the data, as 
any trends should be apparent with an intuitive overview of the data in a density plot. Secondly, 
the density plot allows the experimenter to examine the consistency of a single subject for a 
number of identical stimulus presentations, or the amount of agreement between a number of 
subjects. 
  
The author formulated a metric of the consistency or agreement that can be calculated 
mathematically from the density plot. The area that each density level occupies on the plot needs 
to be calculated, which can then be entered into Equation 3.5. 
 
Equation 3.5 
Density plot similarity coefficient = 
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An = area of response with a density level of n 
N = number of summed response sheets 
 
Using the density plot that is shown in Figure 3.19 as an example, the area that is covered by a 
density of 1 (A1) is approximately 800 mm2 and the area that is covered by a density of 2 (A2) is 
approximately 200 mm2. As there are two response sheets, N equals 2. Entered into Equation 3.5, 
this gives a result of 0.2. If the separate responses that make up the density plot are very similar, 
then the resulting value will be close to 1. However, if the separate responses that make up the 
density plot are very different, then the resulting value will be closer to 0. 
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Finally, the density plot allows examination of aspects of the data from a number of response 
sheets that cannot easily be represented mathematically. These could again be compared either 
between subjects or between stimuli. Examples of attributes that could be examined include the 
distribution of the scene components and whether there are any effects such as angular distortion at 
any point of the scene, or extremes of this such as a ‘hole in the middle’ of the image. 
3.5.5 Normalisation 
 
When visually comparing a number of density plots, it would be useful if the effect of the 
individual subject could be removed, in order to focus on the differences between the stimuli. 
Some form of normalisation of the data could enable this to be carried out. There are arguments 
against normalisation of data in any type of statistical analysis, and this is no exception.  
 
The simplest type of normalisation is in the dimension of depth or distance. This is convenient, as 
the research discussed above indicated that this is the dimension that is likely to display most 
variation between the results of each subject. In order to ensure that the chosen normalisation 
factors are comparable, these should be measured from the responses to the same stimulus for each 
of the subjects. From this, a specific key scene component should be chosen as a basis for 
normalisation. The key scene component needs to be selected based on whether all the subjects 
have represented it in their response, and whether the responses are in some way comparable (i.e. 
whether the scene component has been represented at the same azimuth and elevation within a 
reasonable tolerance). The distance from the egocentre to the centre of the key scene component 
can then be measured to give the normalisation measurement. For scene components that are 
perceived to be located within the head and overlapping the egocentre, the maximum size of the 
component can be taken as the normalisation measurement. Once the normalisation measurements 
are determined, they can be converted into a set of scale factors. The responses then can be re-
drawn with the distances from the egocentre scaled by the normalisation scale factors. 
 
This will allow trends to be examined across a number of separate stimuli, without the 
confounding variable of different perceptions and representations of the size and distance by the 
separate subjects. It must be borne in mind that this normalisation results in data that is no longer a 
representation of absolute position. It can, however, be considered as a set of relative positions that 
allows comparison between stimuli. This is similar to the z-transformation of numerical scaling 
data as recommended in [ITU-R BS 1116 1997]. The result of z-transformation is to convert the 
sets of numerical results from the separate subjects into a set of data with a mean of 0 and a 
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standard deviation of 1. This removes any absolute value of the scores and reference to the outside 
world, but is a relative measure within the data set of which the z-transform has been calculated.  
3.5.6 Summary of analysis methods 
 
As mentioned above, the author is not aware of any prior experiments in which the results of 
sketch-map elicitation data were analysed by the use of measurement and statistical analysis. 
Therefore a novel technique was proposed for analysing the data and drawing inferences from the 
results. The consideration of this analysis method also raised the questions of which attributes 
could be measured and what would be the most perceptually relevant methods to measure them. 
These were discussed above, and a number of conclusions were reached based on the requirements 
of the experiments and the types of depictions that needed to be elicited. The issue of normalising 
the data to reduce the influence of individual judgements of depth and distance was also 
considered, and a method was proposed for undertaking this.  
 
As these methods of analysis were novel and previously unproven, they were applied with caution 
in the experiments that are described in the following chapters. In addition, the success of the 
elicitation and analysis techniques was evaluated in each experiment and the potential effect of 
these techniques on the results was considered.  
 
3.6 Limitations of non-verbal elicitation methods 
 
Whilst the sketch-map elicitation method may be the most suitable of the reviewed methods for 
use in communicating the perceived spatial attributes of the stimuli in this experiment, it was 
apparent that there are still limitations to this technique. Firstly, whilst the sketch-map technique 
could allow the communication of the trajectory of any perceived movement, attributes such as the 
speed and direction of movement could not be elicited using this method. However, this is a 
limitation of all the non-verbal methods that were reviewed and accurate elicitation of the 
movement would require a fourth dimension in the experiment. This would introduce an additional 
level of complexity, both for the task of the subject and in the method that is used for elicitation 
and analysis. As the temporal properties of the movement were not of prime importance in this 
experiment, it was considered that the introduction of a fourth dimension in the elicitation would 
unnecessarily complicate the task for the subjects, and therefore this was not included. However it 
highlights that there are limitations to this elicitation method.  
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Secondly, whilst the use of a sketch-map elicitation technique may be suitable for the elicitation of 
quantitative physical dimensions, such as the perceived locations and sizes of scene components, 
more qualitative judgements could not be communicated using this method. This includes 
attributes that are not purely location-based, such as envelopment and spaciousness. Whilst these 
may be interpreted from the results obtained, they could not be directly communicated using a 
non-verbal elicitation method.  
 
It is also difficult to represent the reverberation or ambience of a scene using a non-verbal 
elicitation technique. The perceived position of the reverberation could be drawn, though often this 
is difficult to determine. Other spatial attributes that have been elicited in verbal elicitation 
experiments include qualitative and emotive sentiments such as ‘confined / open’, ‘natural / 
unnatural’ and ‘prefer / don’t prefer’ [Berg and Rumsey 2000b]. Again, these cannot be easily 
represented using non-verbal methods, if at all.  
 
The limitations of non-verbal elicitation methods may be an advantage in some experiments where 
the experimenter wishes to limit the possible responses to purely location-based attributes. 
However, in this case it was required that the whole auditory spatial perception could be examined. 
 
In view of the limitations of the non-verbal elicitation techniques, the author concluded that it 
would be useful to also include a verbal elicitation technique. Verbal and non-verbal elicitation 
methods each have their own inherent advantages and disadvantages, and it is apparent that 
responses are more forthcoming using the medium in which they are easiest to describe. Also, by 
using a variety of elicitation methods there would be an increased redundancy in the information 
elicited, and the risk of misinterpretation is reduced by not relying on one method of 
communication. In addition, it was recognised that the use of purely non-verbal elicitation methods 
would make the reporting of the results more difficult, as attempting to describe the pictoral 
responses in words was like “putting words into the mouths of the subjects” [Mason et al. 2001a: 
15].  
3.6.1 Verbal elicitation method 
 
It has been shown that the use of a paired comparison enables subjects to discriminate between the 
stimuli more easily than a single judgement procedure [Bech 1987]. In addition, as mentioned in 
Section 3.4.2, it is simpler to describe differences between stimuli, as verbal language is 
principally made up of comparative binary terms, such as ‘above / below’ and in ‘front / behind’ 
[Ogden 1932]. Therefore, the verbal elicitation method that was used in the first experiment was a 
  
 
3 Experiment methodology  
 Page 129 
simple description of the differences that were perceived between the stimuli, phrased so that the 
terms completed the sentence ‘Stimulus X is _______ compared to Stimulus Y’.  
 
However, the use of purely relative terms does not allow the communication of the attributes that 
are common to all stimuli. Therefore for the following experiments, the verbal elicitation 
technique was developed further to include both absolute and relative elicitation techniques, in 
order to elicit the maximum information from the subjects.  
 
The absolute elicitation technique was similar to the free-choice profiling that was used by 
Williams and Langron [Williams and Langron 1984]. The subjects were asked to describe each 
stimulus as completely and as accurately as possible by using a number of single words and short 
phrases. This part of the elicitation experiment was used to support the non-verbal sketch-map 
elicitation method, as a means of communicating the perceived attributes of the stimuli that were 
difficult or impossible to convey using the sketch-map method. 
 
The relative descriptor experiment made use of a verbal elicitation method that is similar to the 
elicitation stage of the Repertory Grid technique [Kelly 1955]. This technique has been used 
successfully by Berg and Rumsey in a detailed investigation into the perceived spatial attributes of 
reproduced sound [Berg and Rumsey 1999a]. In this technique, stimuli are presented in pairs or 
triads and the subjects are asked to describe the differences between them. For the experiments 
that were conducted by the author, the stimuli were presented in pairs, and the subjects were asked 
to provide pairs of terms that described the difference between each stimulus with respect to the 
other. The subjects were specifically asked to give both of these terms (i.e. both antonyms) for 
each perceived attribute, as the same word could be used to mean two slightly different concepts, 
which would only be differentiated by the different antonyms that would be given as the opposite 
pole.  
 
The data from these verbal elicitation methods were primarily analysed using content analysis. 
This involved grouping the elicited terms into categories of similar meaning and then counting the 
number of pairs of terms in each category [Frankfort-Nachimas and Nachimas 1992]. This 
categorisation was carried out by the author, based on an interpretation of the intended meaning of 
the terms. The fact that the meaning was interpreted by the author may have resulted in some 
inaccuracies in the categorisation of the terms. However, the presence of both antonyms lowered 
the risk of misinterpretation, and the fact that there was a large number of elicited terms meant that 
there was greater redundancy in the data and the small number of possible errors would have only 
minimally affected the results.  
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The number of terms in each category gave an indication of the perceptual importance of the 
underlying subjective effect related to each category [Krippendorff 1980]. This is based on the 
assumption that a subject is most likely to describe the most obvious differences between the 
stimuli, and is correspondingly less likely to describe less obvious differences.  
 
The most prominent results from the verbal and non-verbal elicitation stages could then be 
consolidated to form a small number of pairs of descriptors that could be used as end points for 
unidimensional judgement scales in the following evaluation experiment.  
 
3.7 Subjects 
 
The number and type of subjects and any specific training for the subjects also had to be 
considered for the experiments. Conventional subjective experiments require a relatively large 
number of subjects in order to obtain statistical significance to infer to a wider population, and to 
increase the chance of the subjects being representative of the general population [Fife-Schaw 
1995]. The purpose of these more conventional experiments is commonly to investigate whether 
there are perceivable differences between stimuli, whereas for the experiments that are described 
in the following chapters, it was to investigate what the perceivable differences were. Therefore, 
the stimuli were deliberately chosen to ensure that the differences between them would be clearly 
audible, meaning that statistically significant results would be possible with a relatively small 
number of data points. This meant that the experiments required only a small panel of subjects. In 
addition to this, the elicitation experiments were expected to generate a large amount of data, 
meaning that it would be impractical to involve a large number of subjects.  
 
It was also considered whether to use expert or naïve subjects. It was thought that naïve subjects 
would be more representative of the general population, and that expert subjects may be biased by 
their experience and training. However, expert subjects are more familiar with analysing the 
attributes of auditory stimuli and therefore are likely to be more consistent and sensitive than 
inexperienced subjects. In addition, it is likely that inexperienced subjects would require additional 
training – a procedure which, if undertaken as part of the experiment could, bias their responses 
more consistently than the varied practice and training that the expert subjects would have 
experienced. 
 
Therefore, a relatively small panel of expert subjects was used. This consisted of up to seven 
subjects who were specifically selected for their knowledge and experience in audio engineering 
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and their critical listening skills. They were either final year undergraduates, graduates or staff of 
the Tonmeister Music and Sound Recording degree course at the University of Surrey. 
 
As the experiment was an elicitation exercise, it was considered that any training of the subjects 
may bias their responses or may encourage them to focus on certain attributes of the perceived 
spatial impression. Therefore, they were given as little training as possible. They were not made 
aware of the nature of the stimuli, or given any information about the processing that may have 
been used to create the stimuli. For the stimuli that were reproduced over loudspeakers, the 
loudspeakers were concealed by an acoustically transparent curtain to limit any biases that 
knowledge of the positions of the loudspeaker may have incurred. The only training that was 
provided was an indication of how to use the response methods that were available, together with a 
number of examples of how the spatial attributes of the stimuli may be depicted.  
 
3.8 Summary 
 
The aims of the experiments were outlined in Section 3.1, which were to elicit the subjective effect 
of the fluctuations in interaural time or level difference that were contained in various types of 
audio signal. The spatial attributes that were elicited in these experiments could then be applied to 
developing an objective measurement based on these fluctuations.  
 
The type of stimulus that would be most suitable for the task was considered in Section 3.2. It was 
concluded that recorded programme material would be inappropriate for these experiments, as it 
would be difficult to manipulate the created fluctuations without altering other perceivable 
physical variables. For the sound source, it was decided that an artificial stimulus, such as noise or 
sine tones, would be most suitable for the task, so that no preconceived expectations would be 
associated with these stimuli compared to musical stimuli. 
 
The precise stimulus creation method was discussed in Section 3.3. It was found that frequency or 
amplitude modulated sine tones could be combined to create noise stimuli with pre-determined 
fluctuations in interaural time or level difference. Noise stimuli were used, as the characteristics of 
the modulation could be perceived as tonal artefacts with modulated sine tones. Detailed analyses 
of these stimuli were conducted which showed that the frequency or amplitude modulations 
created fluctuations in interaural time or level difference respectively, with reasonable 
independence. This meant that the amplitude modulation created sinusoidal fluctuations in 
interaural level difference with no variation in the interaural time difference, and the frequency 
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modulation created sinusoidal fluctuations in interaural time difference with minimal variations in 
the interaural level difference. 
 
The results that were shown in Chapter 2 indicated that an increase in the magnitude of the 
modulation for both the frequency and amplitude modulation resulted in a decrease in the 
interaural cross-correlation coefficient. Mixed noise stimuli that were similar to those that were 
used in previous studies that investigated the subjective effect of variations in the interaural cross-
correlation coefficient were also measured in Section 3.3. This showed that the modulated noise 
and mixed noise stimuli created similar interaural cross-correlation coefficient results, but that the 
fine structure of the created fluctuations in interaural time and level difference were very different. 
It was concluded that these differences could be exploited to give an indication of the perceptual 
mechanism that is employed to detect the fluctuations in interaural time or level difference. 
 
It was decided that it would not be possible to complete a detailed subjective investigation of the 
subjective spatial effect of both the fluctuations in interaural time and level difference within the 
time available. Therefore it was concluded that the experiments should concentrate on the 
perceived effect of the fluctuations in interaural time difference, as this has been related 
specifically to sound reproduction in previous research. The perceived effect of fluctuations in 
interaural level difference therefore could be investigated at a later date. 
 
Having decided on the type of stimuli to be used in the experiment, Section 3.4 reviewed the types 
of elicitation method that are available for communicating the subjective spatial effect of the 
stimuli. It was found that the more commonly used verbal elicitation methods were not suitable, 
due to a lack of accuracy of verbal descriptors, and the difficulty of describing the properties of the 
rather abstract and unusual stimuli in words. The types of non-verbal elicitation method that are 
available were reviewed, and it was concluded that, based on the requirements of the experiment, a 
sketch-map method would be most appropriate. As this elicitation technique is relatively unique, 
the methods of analysing the results of such an experiment were reviewed in Section 3.5, including 
the proposal of a number of novel analysis methods. 
 
It was found that there are limitations to the information that can be communicated using a sketch-
map technique. Therefore it was proposed that this should be used in combination with a verbal 
elicitation technique. The verbal elicitation techniques were summarised in Section 3.6. For the 
initial experiment, a simple relative verbal descriptor technique that was similar to the Repertory 
Grid technique was employed. This was developed further for the following experiments, as it was 
concluded that both absolute and relative verbal elicitation techniques were required. It was 
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decided to use a free-choice profiling technique for the absolute descriptors that were used to 
support the sketch-map elicitation phase, together with a relative technique similar to the 
Repertory Grid technique. The use of the non-verbal sketch-map technique, together with the 
absolute and relative verbal techniques, was intended to enable the communication of a wide range 
of information concerning the perceived spatial attributes of the stimuli, with a lower risk of 
misinterpretation and increased redundancy in the data. 
 
The combination of a non-verbal sketch-map elicitation method with both absolute and relative 
verbal elicitation methods is a novel technique for investigating the perceived spatial attributes of 
auditory stimuli. In addition, the author is not aware of prior experiments that have made use of 
statistical analysis of measurements of sketch-map responses. Therefore the method was 
experimental and was subject to refinement throughout the series of experiments. 
 
The choice of subjects was discussed in Section 3.7. It was concluded that a small panel of expert 
subjects would be most appropriate for the elicitation experiment. The issue of training was also 
discussed and it was concluded that this should be kept to a minimum, in order to limit any biasing 
of the subjects. 
 
The stimuli and elicitation methods that were outlined in this chapter were then applied to the task 
of eliciting the subjective effect of fluctuations in interaural time difference, as described in the 
following chapters. 
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4 Experiment 1 – an investigation of the subjective spatial effect 
of continuous noise stimuli that contain fluctuations in 
interaural time difference delivered over headphones 
 
 
The research that was outlined in Chapter 2 showed that it was important to investigate the precise 
subjective effect that is caused by fluctuations in interaural time and level difference before further 
progress could be made on developing a measure based on the these fluctuations. A method for 
creating stimuli that contain controlled fluctuations in interaural time difference was evaluated in 
Chapter 3, along with an experimental methodology that was suitable for eliciting the subjective 
spatial effect of these stimuli from a number of subjects. 
 
This chapter summarises the initial experiment that was undertaken to elicit the subjective effect of 
the fluctuations in interaural time difference. The precise stimuli that were used in the experiment 
are summarised, after which the method and procedure that were used in the experiment are 
discussed. The results are then analysed and discussed in detail, and conclusions are drawn from 
these. Finally, the results of this experiment are compared with the results of previous experiments 
that investigated the subjective spatial effect of mixed noise stimuli that contain a range of 
interaural cross-correlation coefficients.  
 
4.1 Stimuli 
 
The aim of this series of experiments was to elicit the subjective spatial effect of fluctuations in 
interaural time difference that are contained within several types of signal. This initial experiment 
focused on eliciting the effect of the fluctuations in interaural time difference for a basic type of 
signal as accurately as possible, in order to establish a base of understanding for further 
experiments. The stimuli that were used in this experiment were continuous frequency modulated 
noise-like sounds, as discussed in Chapter 3. These signals were chosen as they could not be 
related to known sound sources that had expected spatial attributes, and they allowed manipulation 
of the fluctuations in interaural time difference without varying other perceivable parameters. In 
order to control the signals that reached the ears as accurately as possible, the stimuli were 
presented to the subjects over headphones.  
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By the use of these stimuli, it was possible to create noises similar to pink noise, with variable 
spatial characteristics that were dependent on the introduction of various parameters of frequency 
modulation. When analysed in narrow bands, these stimuli created sinusoidal fluctuations in 
interaural time difference, with a minimal variation in interaural level difference. Both the 
frequency and the magnitude of the fluctuations in interaural time difference could be varied. 
 
It was decided to investigate the subjective effect of stimuli that contain a range of frequencies of 
fluctuation. Firstly, the use of a low fluctuation frequency would give an indication that the 
frequency modulated method was creating sinusoidal fluctuations in interaural time difference that 
could be clearly perceived as movement by the subjects. Secondly, the use of a medium fluctuation 
frequency would allow the investigation of the subjective effect of fluctuations in the transition 
region where binaural sluggishness would start to take effect. Finally, the use of a high fluctuation 
frequency would allow the investigation of the subjective spatial effect of fluctuations for which 
no movement would be perceived.  
 
The fluctuation frequencies (fm in Equation 3.1) that were chosen to meet these criteria were based 
on the research of Grantham and Wightman, who had investigated the detectability of movement 
using similar frequency modulated noise stimuli [Grantham and Wightman 1978]. The fluctuation 
frequencies that were chosen were 5, 10 and 100 Hz. For each of these fluctuation frequencies, 
three magnitudes of fluctuation were used to investigate how this affected the perceived subjective 
effect. The magnitudes of fluctuation (m in Equation 3.1) were chosen based on informal listening 
by the author. Three values of fluctuation magnitude were selected: 0.075, 0.15 and 0.3, as these 
created a clearly perceivable difference between the stimuli. In order to give a more equal loudness 
precedence to the lower audio frequencies, the stimuli all had a pink noise-like frequency response 
(equal power in each octave band). The frequency range of the stimuli was 40 to 2560 Hz, the 
upper limit was based on previous research that suggested that audio frequencies above a few 
kilohertz do not alter the magnitude of the spatial effect, as discussed in Chapter 3.  
 
This resulted in nine stimuli for the experiment, three levels of fluctuation magnitude for each of 
the three levels of fluctuation frequency. 
 
4.2 Method 
 
The elicitation method that was used for this experiment was discussed in detail in Chapter 3. The 
principal method of elicitation was a sketch-map technique in which the subjects were asked to 
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draw the perceived spatial attributes of the stimuli. This was supported by a simple verbal 
descriptor technique, in which the subjects were asked to use single words to describe the 
perceived differences between two of the stimuli. The sketch-map exercise is described below, and 
the verbal elicitation exercise is described in Section 4.5. 
4.2.1 Sketch-map elicitation user interface 
 
In addition to the more general factors that are important in sketch-map elicitation experiments as 
discussed in Chapter 3, specific factors were considered during the planning of this experiment. 
The main factors related to the user interface that was used for elicitation of the graphical results. 
For this experiment, the user interface and subject response method was computer-based, 
employing a custom graphical user interface and stimulus playout programme. To allow 
comparison with the results of experiments that investigated the subjective spatial effect of stimuli 
that contained various levels of interaural cross-correlation as discussed in Chapter 3, it was 
preferable to elicit the perceived spatial attributes of the stimuli in all three dimensions. For this 
reason, the response area showed both a plan view on the left (to depict azimuth and distance), and 
a side view on the right (to depict elevation and distance). The response sheets were deliberately 
laid out from the viewpoint of the subject. If this had this not been the case, then the subject would 
have had to mentally rotate the response area to match their perspective, which could possibly 
introduce more errors as reported in [Hart and Moore 1973]. 
 
To eliminate external visual and audible distractions, the experiment was carried out in a darkened 
ITU-R BS 1116 standard listening room [ITU-R BS 1116 1997]. No visible external distance 
markers were available that the subjects could use for reference, apart from the visual display unit. 
Therefore the reference points for the scaling of distance were based on human dimensions. The 
scale markers outside the head were those of outstretched fingertip and elbow distances. These 
were approximated as circles due to the uneven distance from a centre point of these distance 
metrics, and the difficulty of judging distance to a visual marker behind the head. 
 
A compromise was made between the maximum distance that could be depicted to scale on the 
response sheets, and the detail that could be represented within the head due to its size. The 
outstretched fingertip distance was the limit of the scale, as it was not expected that there would be 
any responses outside this area. However, in case any of the subjects perceived a scene component 
to be more distant than this, they were asked to draw the response outside the line that denotes the 
fingertip distance, though not to scale. 
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The subjects were given the option of two ‘pens’ that represented different types of responses, a 
red pen to denote stationary scene components, and a blue pen to denote moving scene 
components. In addition, there were five different pen widths to denote a range of scene 
component sizes. If the widest pen was insufficient, a larger filled area could be drawn. 
 
The user interface, as shown in Figure 4.1, had play buttons for each of the nine stimuli. Clicking 
these buttons would play the sound, open the associated response screen, and save any responses 
that had previously been worked on. The user interface also contained delete, clear and close 
buttons.  
 
 
Figure 4.1: Graphical user interface that was used in the sketch-map elicitation stage of the 
subjective experiment. 
 
To make the sketching technique as natural and familiar as possible for the subjects, the responses 
were given using a pen and graphics tablet instead of a mouse. The user interface that contained 
the scale markers and the control buttons was shown on both the computer monitor and on the 
graphics tablet. The responses that were drawn using the graphics tablet were shown on the 
computer monitor. Switching between stimuli reloaded and displayed any responses that had 
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previously been given for the selected stimulus. The graphics tablet and computer monitor display 
were set up for the experiment as shown in Figure 4.2. 
 
 
Figure 4.2: Experimental set-up in the listening room. 
4.2.2 Physical set-up 
 
The experiment was run on a PC that contained a soundcard with an S/PDIF output. The computer 
was located outside the listening room so that it was acoustically isolated from the subject. The 
S/PDIF output was plugged into a Yamaha 02R mixer for conversion to AES/EBU digital format, 
which was then connected to a Tascam DA-30 for D/A conversion and headphone amplification 
that was located in the listening room. The stimuli were reproduced over Sennheiser HD-545 
headphones.  
 
It was possible that the elicitation experiment could take a long time, which meant that the subjects 
would have to take a break during the experiment. As noted by Ryan and Furlong, the removal and 
replacement of the headphones may affect the frequency response of the signal that arrives at the 
ears of the subjects [Ryan and Furlong 1995]. For this reason, the place-replace repeatability of the 
headphones was examined. The frequency response of the headphones was measured five times, 
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removed and replaced each time on a KEMAR head and torso simulator. The results are shown in 
Figure 4.323.  
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Figure 4.3: One-third octave smoothed fast Fourier transform (FFT) plot of the frequency 
response of the left Sennheiser HD-545 headphone and left ear of KEMAR head and torso 
simulator that was fitted with an occluded ear simulator for 5 iterations of removing and 
replacing headphones as measured using a maximum length sequence system analyser 
(MLSSA). 
 
As can be seen in Figure 4.3, apart from the low audio frequency range of one of the 
measurements, there was little difference between the five measurements across the frequency 
range of the stimuli (40 to 2560 Hz). Therefore there should be minimal physical effect from the 
subject removing the headphones to take a break. 
 
The replay level of the stimuli was chosen by the author based on informal audition. The loudness 
was increased until the stimuli could be heard clearly, without having to strain to hear the detailed 
effects. This resulted in a reproduction level of 90dB SPL linear average, as measured with the 
headphones that were positioned on a KEMAR head that was fitted with occluded ear simulators. 
 
 
 
                                                          
23 It must be noted that the deviation from a flat frequency response was primarily caused by the 
response of the KEMAR ear canal and occluded ear simulator. 
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4.2.3 Loudness alignment 
 
It is apparent that the loudness of an auditory signal can have a large effect on how it is perceived 
[Gabrielsson et al. 1990]. If the loudness of the stimuli was not aligned, it would be a confounding 
variable in the experiment. This means that any perceived differences between two stimuli may be 
partially due to the differences in loudness, in addition to the controlled changes that are made to 
the independent variables. For this experiment, the same values of the random phase components 
(θc in Equation 3.1) were used for each of the stimuli, meaning that the frequency responses of all 
the stimuli were within ±0.1 dB at all 1/3rd-octave bands. Therefore no additional loudness 
alignment was required. 
 
4.3 Experiment procedure 
 
For the sketch-map elicitation exercise, the subjects were asked to depict the perceived spatial 
attributes of the stimuli by using the graphical user interface. The experiment consisted of a 
training session that was followed by two experimental runs. The same nine stimuli were used in 
the training as well as in each run, though they were arranged in a different order each time. By 
clicking on the numbered buttons on the user interface, the subjects could listen to the stimuli in 
any order and as often as they required. They were allowed as much time as they needed to 
complete the task. The duration of each stimulus was 5 seconds, and they could be auditioned an 
unlimited number of times. The subjects were given a day or two between the training session and 
each experiment run. The subjects were deliberately not informed about the nature of the stimuli 
that they were evaluating. They were also not informed that each test run contained the same nine 
stimuli.  
 
The training involved a number of elements. Firstly, the subjects were given instructions on how to 
use the graphical interface and computer-based response method. This was followed by examples 
of how various sound positions might be drawn. The author was aware that this may have 
introduced a bias in the results. However, the training was limited to the bare minimum that was 
required to give the subjects an indication of the types of responses that were possible. The 
examples were various types of moving and stationary responses that depicted a variety of spatial 
attributes, without any reference to the stimuli that were to be auditioned in the experiment. 
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Finally, the training concluded with a practice run of the test. This was to enable the subjects to 
become familiar with the stimuli, to encourage them to consider how they might draw the 
graphical responses, and to give them experience of using the user interface. 
 
As discussed in Chapter 3, the experiment was an expert elicitation exercise and therefore a small 
panel of subjects was used. The panel consisted of four subjects who were selected for their critical 
listening skills and their knowledge and experience in audio engineering. Two of the subjects were 
graduates of the Tonmeister Music and Sound Recording degree course at the University of Surrey 
and two were final year students of this course.  
 
The experiment took approximately 45 minutes for the training and familiarisation with the 
stimuli, and then approximately 30 minutes on average for a test run.  
 
4.4 Analysis of the sketch-map elicitation results 
 
For simplicity in the analysis, the stimuli are referred to by a reference number. The respective 
values of fluctuation frequency (fm) and fluctuation magnitude (m) of each numbered stimulus are 
shown in Table 4.1. 
 
 m  
fm 0.075 0.15 0.3 
5 1 2 3 
10 4 5 6 
100 7 8 9 
Table 4.1: Table that indicates the reference numbers of the nine stimuli that were used in 
the experiment, together with the associated values of fm and m. 
4.4.1 Visual analysis 
 
The first stage of the analysis involved the visual examination of density plots that were made 
from the data of all subjects and all test runs. As two different pen types were used to indicate 
responses representing moving or stationary scene components, it was logical to analyse these 
separately. Therefore the response sheets for both runs from all of the subjects were combined into 
density plots. There were two density plots for each stimulus, one that contained the responses that 
depicted moving scene components and one that contained the responses that depicted stationary 
scene components.  
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The use of density plots reduced the 72 separate response sheets to 18 density plots, thus 
simplifying the task of comparing the results for each of the stimuli. This analysis gave an overall 
impression of the data, and helped to uncover any obvious trends prior to further analysis. The 
density plots are shown in Figure 4.4 to Figure 4.21. For all the density plots, darker shading 
indicates that more responses were given at that particular point. 
 
A measure of the similarity between each of the response sheets in the density plot is included in 
each of the plots (indicated as ‘rep’), that was calculated using Equation 3.5. If the separate 
responses that make up the density plot are very similar, then the resulting value will be close to 1. 
However, if the separate responses that make up the density plot are very different, then the 
resulting value will be closer to 0. The value ‘NaN’ indicates that no responses were depicted in 
the response sheets that make up that density plot. 
4.4.2 Density plots of the responses depicting moving scene components 
 
Density plots were created using all the responses that depicted moving scene components. For 
two experimental sessions for all four subjects, this gave eight response sheets in each density plot. 
The plots are shown in Figure 4.4 to Figure 4.12. 
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rep = NaN
 
Figure 4.4: Density plot of the responses that depicted moving scene components that were 
given for stimulus 1 (fm = 5 Hz, m = 0.075) including the similarity statistic (rep). 
 
 
rep = 0.15246
 
Figure 4.5: Density plot of the responses that depicted moving scene components that were 
given for stimulus 2 (fm = 5 Hz, m = 0.15) including the similarity statistic (rep). 
 
 
rep = 0.20516
 
Figure 4.6: Density plot of the responses that depicted moving scene components that were 
given for stimulus 3 (fm = 5 Hz, m = 0.3) including the similarity statistic (rep). 
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rep = NaN
 
Figure 4.7: Density plot of the responses that depicted moving scene components that were 
given for stimulus 4 (fm = 10 Hz, m = 0.075) including the similarity statistic (rep). 
 
 
rep = 0.068512
 
Figure 4.8: Density plot of the responses that depicted moving scene components that were 
given for stimulus 5 (fm = 10 Hz, m = 0.15) including the similarity statistic (rep). 
 
 
rep = 0.10992
 
Figure 4.9: Density plot of the responses that depicted moving scene components that were 
given for stimulus 6 (fm = 10 Hz, m = 0.3) including the similarity statistic (rep). 
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rep = NaN
 
Figure 4.10: Density plot of the responses that depicted moving scene components that were 
given for stimulus 7 (fm = 100 Hz, m = 0.075) including the similarity statistic (rep). 
 
 
rep = NaN
 
Figure 4.11: Density plot of the responses that depicted moving scene components that were 
given for stimulus 8 (fm = 100 Hz, m = 0.15) including the similarity statistic (rep). 
 
 
rep = NaN
 
Figure 4.12: Density plot of the responses that depicted moving scene components that were 
given for stimulus 9 (fm = 100 Hz, m = 0.3) including the similarity statistic (rep). 
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It was apparent from these density plots that no movement was depicted for the stimuli that 
contained fluctuations of frequency of 100 Hz (stimuli 7, 8 and 9). This was expected, as the 
research into binaural sluggishness that was discussed in Chapter 2 indicated that the human 
auditory system is unable to perceive the movement of sources above a certain rate. Also of 
interest was that no movement was perceived in the stimuli that contained fluctuations of a 
magnitude of 0.075 (stimuli 1, 4 and 7). This was most likely to be due to the fluctuations of this 
magnitude being too small to trigger a perception of movement for these stimuli.    
 
For the other four stimuli (stimuli 2, 3, 5 and 6) where responses that depicted moving scene 
components were given, there was a visible trend. It appeared that an increase in the magnitude of 
the fluctuations in interaural time difference caused an increase in the perceived width of the 
movement. This was indicated by a widening of the area of greatest density, though this was not 
the case for the few responses that were depicted as being relatively wide for all of these four 
stimuli. Therefore this needed to be examined further by individual subject.  
 
Of the four stimuli for which movement was depicted (2, 3, 5, and 6), the depicted movement of 
those that contained fluctuation of a higher frequency appeared to be less clear and less defined. 
The stimuli that contained fluctuations at a rate of 5 Hz appeared to be more continuous from the 
left to right extremes of movement, whereas the movement appeared to jump between these points 
for the stimuli that contained fluctuations of a frequency of 10 Hz. The similarity statistics (rep) 
were also higher for the moving responses that were given for the stimuli with the 5 Hz 
fluctuations compared to the 10 Hz fluctuations, which indicated that the responses for the 5 Hz 
stimuli were depicted more similarly.  
 
There were some large differences between the individual responses that made up each density 
plot, especially in the responses to the stimuli that contained fluctuations of a frequency of 10 Hz. 
There were a small number of responses that showed a movement in front of the head, whilst most 
were within the head. In addition, one of the responses showed an unexpected vertical movement 
that was unlike any of the other responses. The responses for the stimuli that contained 
fluctuations of a frequency of 5 Hz showed less variation, possibly because the movement was 
more clearly perceivable. 
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4.4.3 Density plots of the responses depicting stationary scene components 
 
Density plots were also created using all the responses that depicted stationary scene components. 
For two experimental sessions for all four subjects, this gave eight response sheets in each density 
plot. The plots are shown in Figure 4.13 to Figure 4.21. 
 
rep = 0.49329
 
Figure 4.13: Density plot of the responses that depicted stationary scene components that 
were given for stimulus 1 (fm = 5 Hz, m = 0.075) including the similarity statistic (rep). 
 
 
rep = 0.19189
 
Figure 4.14: Density plot of the responses depicted stationary scene components that were 
given for stimulus 2 (fm = 5 Hz, m = 0.15) including the similarity statistic (rep). 
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rep = 0.15158
 
Figure 4.15: Density plot of the responses that depicted stationary scene components that 
were given for stimulus 3 (fm = 5 Hz, m = 0.3) including the similarity statistic (rep). 
 
 
rep = 0.44925
 
Figure 4.16: Density plot of the responses that depicted stationary scene components that 
were given for stimulus 4 (fm = 10 Hz, m = 0.075) including the similarity statistic (rep). 
 
 
rep = 0.27829
 
Figure 4.17: Density plot of the responses that depicted stationary scene components that 
were given for stimulus 5 (fm = 10 Hz, m = 0.15) including the similarity statistic (rep). 
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rep = 0.074284
 
Figure 4.18: Density plot of the responses that depicted stationary scene components that 
were given for stimulus 6 (fm = 10 Hz, m = 0.3) including the similarity statistic (rep). 
 
 
rep = 0.5366
 
Figure 4.19: Density plot of the responses that depicted stationary scene components that 
were given for stimulus 7 (fm = 100 Hz, m = 0.075) including the similarity statistic (rep). 
 
 
rep = 0.24608
 
Figure 4.20: Density plot of the responses that depicted stationary scene components that 
were given for stimulus 8 (fm = 100 Hz, m = 0.15) including the similarity statistic (rep). 
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rep = 0.074783
 
Figure 4.21: Density plot of the responses that depicted stationary scene components that 
were given for stimulus 9 (fm = 100 Hz, m = 0.3) including the similarity statistic (rep). 
 
It was apparent from the density plots that the stimuli that contained fluctuations in interaural time 
difference with a fluctuation magnitude of 0.075 (stimuli 1, 4 and 7) were depicted very similarly 
in terms of the stationary spatial location and dimensions. In all three cases, the responses depicted 
a stationary scene component that was positioned in the centre of the head. In addition, the 
responses from all of the subjects were similar, albeit with small variations in the depicted size of 
the scene component. 
 
The most obvious differences between the density plots that showed the depictions of the 
stationary scene components were for the stimuli that contained fluctuations of a frequency of 100 
Hz (stimuli 7, 8 and 9). For these stimuli, an increase in the magnitude of the fluctuations in 
interaural time difference resulted in the stationary scene components being depicted as larger and 
more diffuse. The apparent diffuseness of the density plot for stimulus 9 was partially due to the 
differences between the individual responses, as was indicated by the low value of the similarity 
statistic (indicated as ‘rep’ in the density plots). It appeared that for most of the responses, an 
increase in the magnitude of the fluctuations caused an expansion of the depicted scene 
components, though this needed to be examined further by individual subject. 
 
The individual responses to stimulus 9 differed widely, as some were depicted as externalised and 
some were not, some were depicted as being in front, some behind, and some all around. It was 
impossible to tell from the density plots whether these differences were inter- or intra-subject or 
both. Therefore this required visual examination of the individual response sheets. Interestingly, 
only one response included a scene component that was located partially directly above or below, 
whereas the others were concentrated around the horizontal plane. 
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The differences between the responses for the remaining four stimuli (2, 3, 5 and 6) were less 
clear. It appeared that at least one response depicted that the scene components became larger as 
the fluctuation magnitude increased, but the other responses suggested that little change was 
caused by the variation in the fluctuation magnitude for the two lower fluctuation frequencies.  
4.4.4 Examination of raw response sheets 
 
As mentioned above, some of the trends that were apparent in the density plots needed to be 
confirmed by examining the original response sheets. It would be impractical to include all 72 
response sheets in this thesis, so the only visual results that are included are the density plots. 
However, the responses that are given on the raw response sheets were also analysed. In the same 
manner as the analysis of the density plots, the examination of these response sheets was carried 
out separately for the depicted moving and stationary scene components. 
 
The simplest analysis was an investigation of whether each of the response sheets for each 
stimulus contained a response depicting either a moving or stationary scene component. As there 
were four subjects and each subject evaluated each stimulus twice, this gave a maximum possible 
value of 8 for this analysis. The results are shown in Table 4.2. 
 
Stimulus Number of response sheets 
that contained a moving scene 
component 
Number of response sheets that 
contained a stationary scene 
component 
1 0 8 
2 8 7 
3 8 7 
4 0 8 
5 8 8 
6 8 8 
7 0 8 
8 0 8 
9 0 8 
Table 4.2: Number of response sheets that contained a stationary or moving scene 
component for each of the nine stimuli. 
 
It was apparent from Table 4.2 that for 7 out of the 9 stimuli there was complete agreement 
between the eight response sheets about whether moving or stationary scene components could be 
perceived. On one of the experimental sessions, one subject did not depict a stationary scene 
component for stimuli 2 and 3. However, as they did depict a stationary scene component on the 
other experimental session, it was unlikely that this was a meaningful result. 
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As can be seen in Table 4.2, for stimuli 1, 4, 7, 8 and 9, no responses were given that depicted 
moving scene components. The reasons for this were discussed in Section 4.4.2. It is interesting to 
note that for stimuli 2, 3, 5 and 6, both moving and stationary scene components were depicted. As 
all of the subjects depicted this, it is likely that more than one component was perceived within 
each stimulus. This may be due to the fact that the perception of fluctuations in interaural time 
difference is frequency-dependent, in a similar manner to that which was demonstrated by Blauert 
and Lindemann for the interaural cross-correlation [Blauert and Lindemann 1986a]. However, 
further investigation is required to determine the cause of this effect accurately.  
 
The raw response sheets were also visually examined to confirm the trends that were apparent in 
the analysis of the density plots. Further investigation of the raw response sheets showed that in 
nearly all of the responses that depicted moving scene components for stimuli 2, 3, 5 and 6, the 
moving response was depicted to be wider for the stimuli with a larger magnitude of fluctuations. 
There was only one exception, as in one case a subject judged the scene component to be moving 
vertically, and in the other cases depicted little difference in the widths of the moving scene 
components. 
 
In nearly all of the responses for stimuli 2, 3, 5 and 6, the moving response was depicted to have 
less continuous lateral motion for the stimuli that contained fluctuations of a frequency of 10 Hz 
compared to the stimuli that contained fluctuations of a frequency of 5 Hz. This was the case for 
three of the subjects, whereas the fourth confused the lateral movement with a vertical movement 
on one occasion, as mentioned above. However this may also have been an indication of the 
movement being less clearly perceivable. 
 
Excluding the response in which the movement was depicted to be vertical, it was apparent that the 
subjects did not represent the trajectory of the movement in the same way. Two of the subjects 
depicted the movement to always be inside the head, moving between the two ears. One of the 
subjects depicted the movement to be mostly inside the head and moving between the ears, though 
for some of the responses the movement was depicted as following the line of the back of the head. 
The final subject depicted the movement along a variety of trajectories, including some in front of 
the head, some behind the head, and one around the back of head. 
 
For stimuli 1, 2, 3, 4 and 7, most of the responses that depicted the stationary scene components 
were similar in perceived location. The size of the depicted scene component differed slightly 
between the subjects, mostly with the trend of a smaller size at higher fluctuation magnitudes. This 
may have been due to the fact that for these stimuli the stationary scene components were masked 
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by the moving scene components. However, one of the subjects did depict the stationary scene 
component as expanding with increasing fluctuation magnitude, especially for the stimuli that 
contained fluctuations of a frequency of 10 Hz.  
 
It was unclear in the density plots that were discussed in Section 4.4.3 whether the stationary scene 
components for stimulus 9 were depicted as being wider than the stationary scene components for 
stimulus 7 in all cases. Examination of the raw response data showed that in all cases it was 
depicted as being wider, and in most cases it was also depicted as being deeper. 
 
The stationary scene components of stimulus 9 were represented very differently by the subjects. 
One of the subjects depicted it as centred on the egocentre with little externalisation. A second 
subject depicted it as always outside the head, once in front and once behind. A third subject 
depicted it to be always behind and around the head, whilst the final subject depicted it as once all 
around the head and once at the sides of the head. Stimulus 8 was mostly depicted in a similar 
manner to stimulus 9, though usually smaller and closer to the egocentre. 
4.4.5 Statistical analysis of measurement data 
 
The raw response plots were also analysed by measuring the depicted scene components and 
applying statistical analysis to the resulting data, as proposed in Chapter 3. As the number of scene 
components that were depicted by all the subjects and for all the stimuli was not consistent, the 
dimensions of the entire depicted scene were measured. Again, as for the previous analyses, the 
depictions of the moving and stationary scene components were analysed individually. 
 
As discussed in Chapter 3, the most appropriate measurement technique had to be considered. As a 
majority of the scene components were depicted to be within the head, a fixed-head and length-
based measurement technique was employed. The measurements were made as shown in Figure 
4.22. 
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Figure 4.22: Measurement technique that was used to quantify the width, depth and height 
dimensions of the depicted scenes. 
 
The measurement data were normalised by the use of a z-transformation [Howell 1997] in an 
attempt to limit the differences in the depictions of depth and distance by the different subjects in 
the response sheets, and to highlight the differences between the stimuli. This process is similar to 
the normalisation that is suggested in [ITU-R BS 1116 1997], though in this case it was applied to 
measurement data as opposed to the usual application of normalising scaling data. It must be borne 
in mind that this normalisation results in data that is no longer a representation of absolute 
position. It can, however, be considered as a set of relative positions that can be compared between 
stimuli.  
 
The statistical analysis was used to verify the trends that were apparent in the results of the density 
plots that were discussed above. There were two main factors to investigate. Firstly, whether an 
increase in the magnitude of the fluctuations in interaural time difference for the stimuli where 
movement was perceived resulted in an increase in the width of the movement, with no perceived 
change in the perceived stationary scene components. Secondly, whether an increase in the 
magnitude of the fluctuations for the stimuli at the highest fluctuation frequency, where no 
movement was perceived, resulted in an increase in the size of the perceived stationary scene 
components. 
 
Width 
Depth 
Height 
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As the resulting data did not meet the assumptions of the analysis of variance (ANOVA), a non-
parametric Kruskal-Wallis test was used to analyse the data. The results are shown in Table 4.3 
and Table 4.4.  
 
 Moving scene components Stationary scene components 
 Width Depth Height Width Depth Height 
Chi-Square 6.666 4.145 1.794 1.115 .513 1.156 
df 1 1 1 1 1 1 
Asymp. Sig. .010 .042 .180 .291 .474 .282 
Table 4.3: Table of the results of the Kruskal-Wallis non-parametric test for the z-
transformed measurement results of the scene dimensions for all subjects, both experiment 
sessions and all stimulus fluctuation frequencies, separated by the fluctuation magnitude for 
the four stimuli in which moving scene components were depicted. 
 
The measurements of the overall scene dimensions for the four stimuli in which moving scene 
components were depicted (stimuli 2, 3, 5 and 6) were entered into the statistical analysis. The 
results that are shown in Table 4.3 indicate that the different levels of fluctuation magnitude that 
were contained within these stimuli only resulted in a statistically significant change in the 
depicted width and depth of the moving scene components (as indicated by the bold type). The 
statistically significant variation in the depicted width of the moving scene components supported 
the visual analysis of the density plots and the raw response data that was discussed above. The 
significant change in depth was not expected, and may be due to a number of the trajectories of 
movement being depicted as moving around the back of the head for the stimuli with the higher 
fluctuation magnitude, as opposed to directly between the ears for the stimuli with the lower 
fluctuation magnitude. If this is the case, then this is a limitation of the measurement technique 
that was employed. 
 
 Moving scene components Stationary scene components 
 Width Depth Height Width Depth Height 
Chi-Square .000 .000 .000 17.573 13.184 11.760 
Df 2 2 2 2 2 2 
Asymp. Sig. 1.000 1.000 1.000 .000 .001 .003 
Table 4.4: Table of the results of the Kruskal-Wallis non-parametric test for the z-
transformed measurement results of the scene dimensions for all subjects and both 
experiment sessions, separated by the fluctuation magnitude for the three stimuli that 
contained fluctuations of a frequency of 100 Hz. 
 
The measurements of the overall scene dimensions for the three stimuli that contained fluctuations 
of the highest fluctuation frequency (stimuli 7, 8 and 9) were entered into a separate statistical 
analysis. The results that are shown in Table 4.4 indicate that in this case, the different levels of 
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fluctuation magnitude that were contained within these stimuli resulted in a statistically significant 
change in the depicted width, depth and height of the stationary scene components (as indicated by 
the bold type). The statistically significant variation in the depicted size of the stationary scene 
components in all three dimensions again supported the visual analysis of the density plots and the 
raw response data that was discussed above.  
4.4.6 Similarity statistics 
 
The results of the similarity statistics that are mentioned briefly above were analysed in greater 
detail. Initially, the data from all the subjects and test runs were examined, separated by stimulus 
and response type. This is shown in Table 4.5. 
 
Stimulus Moving Stationary 
1 - 0.49 
2 0.15 0.19 
3 0.20 0.15 
4 - 0.45 
5 0.07 0.28 
6 0.11 0.07 
7 - 0.54 
8 - 0.25 
9 - 0.07 
Table 4.5: Similarity statistics for all subjects and test runs, separated by response type and 
stimulus. 
 
It was apparent that there was a large range of values in the data, from 0.07 to 0.54. In addition, 
two trends were evident. Firstly, the responses that depicted moving scene components appeared to 
have a lower similarity at the higher fluctuation rate. Secondly, it appeared that the similarity of 
the stationary responses decreased as the fluctuation magnitude increased at all of the fluctuation 
frequencies tested. 
 
The data was explored further by separating the data by individual subject. This is shown in Table 
4.6. 1m refers to the responses that depicted the moving scene components for stimulus 1, and 1s 
refers to the responses that depicted the stationary scene components of stimulus 1, etc. 
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 Subject 1 Subject 2 Subject 3 Subject 4 Average 
1m - - - - 0.00 
1s 0.47 0.50 0.31 0.74 0.50 
2m 0.48 0.56 0.28 0.58 0.48 
2s 0.58 0.08 0.52 0.00 0.29 
3m 0.27 0.74 0.21 0.65 0.47 
3s 0.77 0.05 0.60 0.00 0.35 
4m - - - - 0.00 
4s 0.63 0.71 0.60 0.72 0.67 
5m 0.39 0.68 0.00 0.54 0.40 
5s 0.79 0.22 0.59 0.67 0.57 
6m 0.74 0.17 0.00 0.58 0.37 
6s 0.00 0.10 0.45 0.50 0.26 
7m - - - - 0.00 
7s 0.75 0.72 0.75 0.83 0.76 
8m - - - - 0.00 
8s 0.34 0.29 0.00 0.70 0.33 
9m - - - - 0.00 
9s 0.03 0.49 0.00 0.75 0.32 
Ave 0.48 0.41 0.33 0.56 0.44 
Table 4.6: Similarity statistics for all subjects and test runs, separated by response type, 
stimulus, and subject. 
 
The range of the averages of the similarity statistics for each subject was relatively small, from 
0.33 to 0.56. When these were examined for each individual stimulus, most of the subjects were 
inconsistent for at least one of the stimuli (indicated by a low value for the similarity statistics). 
Therefore, it appeared that the subjects were similarly consistent.  
 
These data were used to examine the results that were outlined above more closely. In 6 out of the 
8 cases, the repeatability of the moving component of the stimuli that contained fluctuations of a 
frequency of 5 Hz was higher than that for the stimuli that contained fluctuations of a frequency of 
10 Hz. Therefore this indicates that the movement of the 10 Hz stimuli may have been less easily 
discernible. In 7 out of the 12 cases, the repeatability of the stationary response lowered as the 
fluctuation magnitude increased. As this was a relatively low proportion, it is likely that the large 
variance in the repeatability statistics for all the subjects that was discussed above was due to a 
difference between the individual subject responses, rather than inconsistency by the subjects. 
4.4.7 Discussion of the results 
 
The non-verbal elicitation experiment uncovered a number of facts about the perceived spatial 
attributes of the noise stimuli that contained various sinusoidal fluctuations in interaural time 
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difference. Firstly, it confirmed the research into binaural sluggishness that stimuli that contain 
rapid fluctuations in interaural time difference above a certain rate of fluctuation do not create a 
perception of movement. In this case, the stimuli that contained fluctuations of a frequency of 100 
Hz created a perception of stationary scene components with no perceivable movement. Secondly, 
as the fluctuation frequency increased from 5 Hz to 10 Hz, the movement appeared to become less 
clearly perceivable and less continuous in its motion. This was visible in the density plots, and in 
the variation in the similarity statistic. Thirdly, it appeared that for the stimuli for which movement 
was perceived, an increase in the fluctuation magnitude increased the width of the depicted 
movement. This was visible in the density plots and was confirmed by the statistical analysis of the 
measurement data. Analysis of the measurement data also indicated that there was a statistically 
significant change in the depicted depth of the moving scene components, though this is likely to 
be due to the limitations of the measurement technique that was employed. Finally, for the stimuli 
for which no movement was perceived, an increase in the fluctuation magnitude caused the 
stationary scene components to be depicted as larger. This was visible in the density plots, and was 
confirmed by the statistical analysis of the measurement data. This showed that the increase in the 
fluctuation magnitude of the stimuli caused a statistically significant change in the width, depth 
and height of the depicted stationary scene components.  
 
One of the most important results in this study was the elicitation of the subjective spatial effect of 
the fluctuations in interaural time difference of a frequency at which there was no longer a 
perception of movement. This was the result of the responses to stimulus 9. The density plot of this 
stimulus is shown in Figure 4.23. 
 
rep = 0.074783
 
Figure 4.23: Density plot of the responses that depicted stationary scene components that 
were given for stimulus 9 (fm = 100 Hz, m = 0.3) including the similarity statistic (rep). 
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It was apparent that each of the subjects depicted the spatial attributes of this stimulus differently. 
This may have been due to one of a number of reasons. Firstly, it could be that each of the subjects 
perceived the stimulus to be the same, but that each responded differently. It was noted in Chapter 
3 that the use of the sketch-map elicitation technique might have introduced errors due to the 
depiction of a three-dimensional egocentric perception on a two-dimensional plan view. However, 
the errors which may have resulted from this were not consistent with the differences between the 
responses to stimulus 9. In addition, the author considers it unlikely that the differences between 
the responses were due to the response technique, as the sketch-map method was relatively simple, 
and the subjects were relatively consistent in their depictions of the spatial attributes of other 
stimuli. 
 
Secondly, the difference may have been caused by the unusual characteristics of the noise stimuli, 
which were dissimilar to any naturally occurring sounds that the subjects may have experienced 
previously. This meant that the sounds had no reference to which they could be compared. 
Therefore it may be that the subjects were faced with a task of describing an unknown quantity 
using the available parameters. This could have forced the subjects to attempt to recognise the 
sound as having properties similar to a more natural auditory event, and therefore to perceive and 
describe the sound as having more plausible characteristics. If the subjects were forced to put the 
unknown perception into a known category, each subject may have carried out the categorisation 
differently, and this may have caused the difference. 
 
Finally, the differences between the depictions of the spatial attributes of stimulus 9 by the 
different subjects might have been due to binaural sluggishness being a learned response that is 
developed to cope with the confusing amount of reflections that are created in modern living 
environments. It may be that soon after birth, humans are able to perceive rapid fluctuations in 
interaural time difference as movement. However, as young children grow more aware of their 
environment, they begin to realise that the confusing perceived movement that is caused by 
fluctuations that are created by the acoustical environment is not a property of the sound source. 
Therefore the perceptual system may have learnt to disregard implausible fluctuations, which 
causes them to be perceived as environment-related attributes, as opposed to source-related. This 
may mean that the fluctuations that are created in real acoustics are perceived as properties of the 
reverberation. The presentation of these fluctuations in the noise stimuli, without any of the other 
cues that are related to the perception of an acoustical environment, may have caused the stimuli to 
be perceived differently. 
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It must be considered how the information that was elicited in this experiment can be related to 
fluctuations in interaural time difference that are created in acoustical environments. For this, there 
are a number of major differences that need to be considered.  
 
Firstly, in this experiment, the scene components were depicted as being mainly located in or 
around the centre of the head. This is in contrast to the convention for sound reproduction over 
loudspeakers, where the scene components would usually be perceived to be outside the head. This 
was almost certainly due to the use of headphones to audition the stimuli in the experiment. If 
correlated signals are fed to the ears using headphones, and no attempt is made to add cues to aid 
externalisation, such as reverberation and aspects of head-related transfer functions, then the 
subjective effect is usually that the sound will be located between the ears [Blauert 1997]. 
Therefore, it was not surprising that the stimuli that were used in this experiment would be 
perceived as being located mostly within the head or centred on the egocentre. 
 
Secondly, the stimuli were continuous noise signals. These are very dissimilar to how fluctuations 
may be perceived in real acoustics. There may be some situations in which the fluctuations are 
created by continuous signals, such as a sustained note, though these are likely to be tonal and not 
noise-like. The subjective effect of fluctuations that are contained within tonal signals or within 
reverberant decays has not yet been examined. 
 
Thirdly, the stimuli contained sinusoidal fluctuations in interaural time difference at a single 
fluctuation frequency. This is dissimilar to the fluctuations that would be created by sources in real 
or simulated acoustical environments, as shown in Chapter 2, and therefore this may have had an 
effect on the subjective effect of the fluctuations. 
 
It can be concluded from the above arguments that the results of the experiment may not be 
applied directly to fluctuations in interaural time difference that are created in real acoustical 
environments and replayed using a sound reproduction system. It is likely that the effects of the 
binaural sluggishness are applicable, such that no perception of movement will be created by 
stimuli that contain fluctuations with a fluctuation frequency of 100 Hz. However, the elicited 
spatial attributes, including the position and dimensions of the scene components, may not be the 
same as those that result from naturally created fluctuations in interaural time difference.  
 
This means that the subjective effect of fluctuations in interaural time difference that are created in 
a manner that is more similar to real acoustics or reproduction systems needs to be examined, 
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including externalised scene components and fluctuations that are contained within reverberant 
decays.  
4.4.8 Discussion of experimental method 
 
The use of the sketch-map method was unusual and therefore it is worth considering the effects of 
this technique for the elicitation of spatial attributes. The subjects found the user interface easy to 
use, and agreed that this technique was simpler than undertaking a solely verbal elicitation 
experiment. However, the subjects did feel limited by only having a graphical response method, 
and requested paper on which to write notes and verbal descriptors to accompany the drawn 
responses. 
 
The analysis that was reported in this chapter principally consisted of visual examination of the 
graphical responses. This was supported by statistical analysis of the measurement data, and 
analysis of the variations in the similarity statistics. The major disadvantage of the analysis was the 
lack of verbal descriptors from the experiment, which are inherently required in a written report.  
 
Therefore, whilst the non-verbal elicitation technique of a sketch-map response was very useful for 
eliciting spatial attributes from the subjects, it was found that it would be beneficial to use the 
technique in combination with a verbal elicitation experiment.  
 
4.5 Verbal elicitation exercise 
 
In order to address the limitations of the sketch-map elicitation experiment, a small verbal 
elicitation experiment was also carried out. This was focused on eliciting the perceived changes 
that were caused by a variation in the magnitude of the fluctuations in interaural time difference, at 
a fluctuation frequency for which no movement was perceived. This experiment was undertaken 
by presenting the subjects with two of the noise stimuli from the sketch-map elicitation experiment 
and asking them to describe the differences in the perceived spatial attributes of the stimuli, using 
single words or short phrases. The stimuli contained fluctuations in interaural time difference at a 
fluctuation frequency of 100 Hz, with two different fluctuation magnitudes of 0.075 and 0.3. These 
were stimuli 7 and 9 from the sketch-map elicitation experiment. The subjects were free to switch 
between the stimuli at any time and as often as they required. As this experiment was simple and 
quick to undertake, it was possible to use 22 subjects.  
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The descriptors were all converted into a linguistic form that would fit the sentence ‘Stimulus 2 is 
_______ compared to Stimulus 1’ where Stimulus 2 was the stimulus with the larger fluctuation 
magnitude. The number of the individual terms that were used by the subjects were counted and 
then entered into a content analysis as described in Chapter 3, in which the terms were grouped 
into categories based on similar meaning as interpreted by the author. The results are shown in 
Figure 4.24.  
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Figure 4.24: Diagram of the words that were elicited in response to a comparison of two 
noise stimuli that contained fluctuations in interaural time difference of a fluctuation 
frequency of 100 Hz and two different magnitudes of fluctuation. 
 
The content analysis separated the terms into four main categories and these were arranged in 
order according to the most occurrences of the words in each group. As this categorisation was 
carried out by the author based on an interpretation of the intended meaning, it may be that some 
of the terms were not categorised in the manner that the subjects intended. The terms that were 
most likely to have been categorised incorrectly are discussed below.  
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The first category contained terms that are related to the perceived dimensions of the scene 
component. It was apparent that this contained over fifty percent of the total occurrences of 
descriptors. Therefore this implies that this was the most significant change in the subjective 
effect. If it was assumed that the term ‘bigger’ was a combination of ‘wider’ and ‘deeper’ and 
added to each accordingly, then the most prominent descriptor would be ‘wider’.  
 
The second category contained the terms that described the position of the scene component. Both 
of the terms described a movement of the scene component from inside the head, to either outside 
or behind the head with the increasing fluctuation magnitude. It may be that the term ‘outside 
head’ could have been placed in the envelopment category, as the subject may have meant that the 
sound was all around outside the head. However, this was not explicitly mentioned. 
 
The third category contained terms that are related to envelopment or being surrounded by the 
sound. This was an attribute that may have been implied from the sketch-map responses, but could 
not be confirmed without the verbal elicitation experiment. It may be that this category of terms is 
related to the perceived size of the scene component, as it is unlikely that a small stationary scene 
component could be considered as enveloping, based on envelopment being defined as 
“surrounding completely” [Oxford Dictionary of English 1998: 617]. However, in this analysis it 
was treated as an individual category. 
 
The final category contained the remaining terms that may be related to an impression of an 
acoustic space. These were terms which may be used to describe the reverberation of an acoustic 
environment and therefore may be multidimensional in their nature. For instance, the terms in this 
category may refer to the perception of either a larger acoustical environment, a longer 
reverberation time, or a higher level of reverberation. This means that they may imply more than 
the simple unidimensional spatial attributes such as width or depth, and they appear to be more 
evocative and simile-based than they are analytical.  
 
Even though this simple verbal elicitation experiment was not as formal as a strict Repertory Grid 
[Kelly 1955] or Quantitative Descriptive Analysis [Stone and Sidel 1993] experiment, useful 
results were uncovered. It appeared that a variation in the perceived width of the sound was the 
most prominent difference between the noise stimuli that contained fluctuations in interaural time 
difference of different magnitudes of fluctuation and a fluctuation frequency of 100 Hz. Some of 
the subjects also perceived the source to move behind the head or become enveloping. These 
results support the findings of the sketch-map elicitation experiment.  
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4.6 Conclusions 
 
It was found that the non-verbal sketch-map technique was useful for eliciting certain spatial 
attributes of the noise stimuli that contained various sinusoidal fluctuations in interaural time 
difference. However, it was apparent that the non-verbal elicitation experiment needed to be 
supported by a verbal elicitation experiment, in order to elicit as many details of the subjective 
effect as possible. 
 
The non-verbal elicitation experiment showed that, for the stimuli that caused a perception of 
movement, an increase in the magnitude of the fluctuations in interaural time difference resulted in 
a perceived increase in the width of the movement. An increase in the fluctuation frequency 
appeared to cause the movement to be less clearly perceivable.  
 
For the stimuli that contained the fluctuations in interaural time difference of a frequency of 100 
Hz, no movement was perceived, due to the perceptual effect of binaural sluggishness. For these 
stimuli, an increase in the fluctuation magnitude resulted in the stationary scene components being 
depicted as larger in all three dimensions. However, the precise perceived location of the 
stationary scene components was different for each of the individual subjects. 
 
Further investigation of the perceived changes that were caused by varying the fluctuation 
magnitude for the stimuli that contained fluctuations of a frequency of 100 Hz by using a verbal 
elicitation technique indicated that the most prominent effect was a widening of the stationary 
scene component. In addition, for the increase in the fluctuation magnitude, some subjects also 
experienced the scene component becoming located behind the head and some described the 
perceived spatial effect as envelopment. 
 
4.7 Comparison with results of experiments into the perception of 
variations in the interaural cross-correlation coefficient 
 
It was proposed in Chapter 2 that it would be useful to compare the results from this experiment 
with the results from experiments that investigated the perception of mixed noise stimuli that 
contained a range of values of interaural cross-correlation coefficient. As discussed in Chapter 3, 
the noise stimuli that were generated by mixing uncorrelated noise signals in various proportions 
created a similar interaural cross-correlation coefficient to the frequency modulated noise stimuli 
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that were used the experiment that was described in this chapter. However, the fluctuations in 
interaural time and level difference that were contained in each type of stimulus were different. By 
comparing the results of this experiment with those of a previous experiment that was conducted 
using mixed noise stimuli, it may be possible to gain an indication of the perceptual mechanism 
that is used to perceive the fluctuations in interaural time difference. For instance, if the perceived 
effect of the frequency modulated noise stimuli is different to the mixed noise stimuli, then this 
would indicate that the fine structure of the fluctuations in interaural time difference can be 
perceived. On the other hand, if the perceived effect of the frequency modulated noise stimuli is 
similar to the mixed noise stimuli, then this would indicate that that it is possible that the 
fluctuations in interaural time difference and the interaural cross-correlation may be perceived by 
the use of the same perceptual mechanism, but that the fine structure of the fluctuations in 
interaural time difference cannot be perceived.  
 
The experiments that were conducted by Chernyak and Dubrovsky [Chernyak and Dubrovsky 
1968] and Blauert and Lindemann [Blauert and Lindemann 1986a] investigated the subjective 
spatial effect of such mixed noise stimuli that were presented to the subjects over headphones. 
These were discussed in detail in Chapter 1. Chernyak and Dubrovsky found that a decrease in the 
interaural cross-correlation coefficient resulted in an increase in the depicted width of the stimuli. 
This is similar to the results of the experiment that were summarised in this chapter, though the 
variation in height that was apparent in that experiment was not apparent in the results of 
Chernyak and Dubrovsky. It was impossible to depict depth using their elicitation method. Blauert 
and Lindemann found a similar effect to Chernyak and Dubrovsky, that a decrease in the interaural 
cross-correlation coefficient resulted in an increase in the depicted width of the scene. However, 
their results also did not indicate a consistent variation in depth and height.  
 
Therefore, the results of this analysis indicate that the subjective spatial effect that was caused by 
the frequency modulated and mixed noise stimuli was similar in terms of the variation in depicted 
width, though it differed in the depicted depth and height. The similarity between the results means 
that it is possible that the fluctuations in interaural time difference may be perceived by the use of 
the same perceptual mechanism that is used to detect the interaural cross-correlation. However, 
more work is needed to confirm this. 
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4.8 Summary 
 
This chapter summarised the experiment that was undertaken to investigate the subjective spatial 
effect of continuous noise stimuli that contained fluctuations in interaural time difference that were 
delivered over headphones. The stimuli were frequency modulated noise stimuli that contained 
fluctuations in interaural time difference, with a range of fluctuation frequencies and a range of 
fluctuation magnitudes.  
 
The subjective spatial effect that was created by the stimuli was judged by four expert subjects by 
the use of a non-verbal sketch-map elicitation method. These results were then analysed by visual 
examination of the raw response sheets and density plots, together with statistical analysis of the 
results of measurement and similarity metrics. In addition, the subjective effect of changing the 
fluctuation magnitude at the highest fluctuation frequency was elicited by the use of a simple 
relative verbal descriptor method. 
 
The results showed that, for the stimuli in which movement was perceived, an increase in the 
magnitude of the fluctuations in interaural time difference resulted in the movement being 
perceived as wider. An increase in the frequency of the fluctuations resulted in the movement 
being perceived less clearly, until a point beyond which no movement was perceived. For the 
highest fluctuation frequency where no movement was perceived, an increase in the magnitude of 
the fluctuations resulted in the stationary scene components being perceived as larger in terms of 
width, depth and height.  
 
The results of this experiment were compared with the results from previous experiments that 
investigated the subjective spatial effect of mixed noise stimuli with a range of interaural cross-
correlation coefficients. This comparison showed that the results from the three experiments were 
similar, which indicated that the fluctuations in interaural time difference may be perceived by the 
use of the same perceptual mechanism as the interaural cross-correlation coefficient.  
 
The limitations of the experiment that were due to the differences between the stimuli that were 
used in this experiment and conventional programme material were considered. It was concluded 
that it was necessary to elicit the subjective effect of fluctuations in interaural time difference that 
are created in a manner more similar to real acoustics or reproduction systems, including 
externalised scene components and reverberant decays that contain fluctuations in interaural time 
difference. 
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5 Experiment 2 – an investigation of the subjective spatial effect 
of continuous noise stimuli that contain fluctuations in 
interaural time difference delivered over loudspeakers 
 
 
The experiment that was summarised in Chapter 4 investigated the subjective spatial effect of 
continuous noise stimuli that contained fluctuations in interaural time difference that were 
presented to the subjects over headphones. The results of this experiment indicated that, for stimuli 
that contained rapid fluctuations that caused no perceived movement, an increase in the magnitude 
of the fluctuations resulted in an increase in the perceived size of the stationary scene components. 
However, the stationary scene components were mostly perceived to be within the head, a 
situation that is unusual in conventional sound reproduction.  
 
This chapter summarises the experiment that was undertaken to elicit the subjective effect of the 
fluctuations in interaural time difference that are contained within stimuli that are perceived to be 
outside the head. The stimuli that were used in the experiment are summarised and the method and 
procedure that were used in the experiment are then discussed. The results are analysed and 
discussed in detail, and conclusions are drawn from these. Finally, the results of this experiment 
are compared with the results of a previous similar experiment that investigated the subjective 
spatial effect of mixed noise stimuli that contained a range of interaural cross-correlation 
coefficients.  
 
5.1 Stimuli 
 
The primary purpose of this experiment was to elicit the subjective effect of rapid fluctuations in 
interaural time difference that were contained within stimuli that were perceived to be located 
outside the head of the subject. For the same reasons as for the previous experiment, the stimuli 
were continuous frequency modulated noise-like sounds that were created as discussed in Chapter 
3. These signals were chosen as they could not be related to known sound sources with expected 
spatial attributes, and they allowed manipulation of the fluctuations in interaural time difference 
without varying other perceivable parameters. When analysed in narrow frequency bands, these 
stimuli created sinusoidal fluctuations in interaural time difference, with a minimal variation in the 
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interaural level difference. Both the frequency and the magnitude of the fluctuations in interaural 
time difference could be varied.  
 
The author evaluated a number of methods that could be used to create scene components that 
would be perceived to be located outside the head. From these, it was decided to reproduce the 
continuous noise stimuli over loudspeakers, as this was most similar to conventional sound 
reproduction. However, the use of this reproduction method meant that the signals that reached the 
ears could not be controlled as accurately as with the use of headphones.  
 
As the purpose of the experiment was to evaluate the subjective effect of fluctuations in interaural 
time difference at fluctuation frequencies for which no movement would be perceived, the 
experiment used a single fluctuation frequency (fm in Equation 3.1) of 100 Hz. This was based on 
the results of the previous experiment, in which the stimuli that contained fluctuations of a 
frequency of 100 Hz were judged as creating a subjective spatial effect which contained no 
moving scene components.  
 
In order to evaluate how manipulation of the magnitude of the fluctuations affected the perceived 
result, three values were used. These were chosen by informal listening by the author, based on 
creating a clearly perceivable difference between the stimuli. As the stimuli were reproduced over 
loudspeakers as opposed to the headphones that were used in the previous experiment, it was 
found that a larger magnitude of fluctuations was required for this experiment. Therefore the three 
values of fluctuation magnitude (m in Equation 3.1) that were used in this experiment were 0.1, 0.7 
and 1.3. 
 
As the stimuli were presented over loudspeakers, this meant that the time differences that were 
created by the noise stimuli that were described above were inter-loudspeaker time differences and 
not interaural time differences. These stimuli that contained time difference fluctuations were 
presented over one of two pairs of that were loudspeakers positioned at ±30º or ±90º from directly 
in front of the subject as shown in Figure 5.1.  
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01
A1
A2A3
A4
 
Figure 5.1: Three-dimensional representation of the listening room, showing the location of 
the listening position (labelled 01) and the pairs of loudspeakers that were positioned at ±90º 
from directly in front of the subject (labelled A1 and A2) and ±30º from directly in front of 
the subject (labelled A3 and A4). 
 
The loudspeaker configuration of ±90º was chosen to attempt to create the maximum magnitude of 
interaural time difference fluctuations for a certain magnitude of inter-loudspeaker time difference 
fluctuations. This choice was based on the research of Griesinger, which indicated that 
loudspeakers in this position create the largest magnitude of interaural time difference fluctuations 
at the listening position [Griesinger 1999]. In addition to the ±90º configuration, a loudspeaker 
arrangement of ±30º was also used, as this is more representative of a two-channel loudspeaker 
layout [IEC 60268-13 1998] and the front channel loudspeaker configuration of 5.1 surround 
sound [ITU-R BS 775 1994]. It was also expected that the ±30º loudspeaker arrangement would 
create time difference fluctuations that were perceived to be a part of a scene component that was 
located in front of the subject. 
 
The acoustical environment in which the reproduction system would be positioned was also 
considered. As discussed in Chapter 2, it may be possible to examine the perceptual mechanism 
that is employed in detecting the fluctuations in interaural time difference by comparing the results 
of these experiments with previous experiments that investigated the subjective spatial effect of 
mixed noise stimuli that contained a range of values of interaural cross-correlation coefficient. In 
order to allow comparison of the results of this experiment directly with the experiment that was 
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conducted by Plenge that used mixed noise stimuli [Plenge 1972], it would have been appropriate 
to repeat his use of an anechoic reproduction environment. However, the primary aim of this 
experiment was to elicit the subjective effect of noise stimuli that contained fluctuations in 
interaural time difference in a manner more similar to conventional sound reproduction. Based on 
this, the author considered that the use of an anechoic environment for this experiment would not 
be representative of conventional sound reproduction, and therefore it was decided that it would be 
preferable to conduct the experiment in a conventional listening room.  
 
As the stimuli were reproduced over loudspeakers and the reproduction environment was non-
anechoic, it was important to evaluate the interaural time difference fluctuations that resulted from 
the stimuli that contained inter-loudspeaker time difference fluctuations. For this, the noise stimuli 
that contained inter-loudspeaker time difference fluctuations were replayed over the loudspeakers 
in the listening room, and the fluctuations in interaural time difference that were created at the 
listening position were measured by the use of a head and torso simulator. The measurements were 
made in the same manner as the measurements in Chapter 3, using a consecutive series of wide-
band interaural cross-correlation coefficient calculations that covered the whole frequency range of 
the stimuli. The details of the measurement are outlined in Appendix B. 
 
The results of the measurements of the inter-loudspeaker time difference fluctuations of two of the 
stimuli with differing fluctuation magnitudes are shown in Figure 5.2 and Figure 5.3. These 
measurements were made directly of the signals that were fed to the loudspeakers. Figure 5.4 to 
Figure 5.7 show the resulting interaural time difference fluctuations that were measured at the 
listening position for each of the stimuli that were reproduced over the two separate pairs of 
loudspeakers. These measurements were made by capturing the resulting sound field at the 
listening position by the use of the head and torso simulator. The plots show the variation in inter-
loudspeaker or interaural time difference over time, with the measured time difference shown on 
the y-axis, for each calculation that was made over time on the x-axis.  
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Figure 5.2: The measured fluctuations in inter-
loudspeaker time difference over time, 
calculated for the noise stimulus with a 
fluctuation magnitude of 0.1. 
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Figure 5.3: The measured fluctuations in inter-
loudspeaker time difference over time, 
calculated for the noise stimulus with a 
fluctuation magnitude of 1.3. 
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Figure 5.4: The measured fluctuations in 
interaural time difference over time, calculated 
for the noise stimulus with a fluctuation 
magnitude of 0.1 when replayed over the 
loudspeakers located at ±30º and captured 
using a head and torso simulator that was 
located at the listening position. 
0.4 0.42 0.44 0.46 0.48 0.5 0.52 0.54 0.56 0.58 0.6
-1
-0.8
-0.6
-0.4
-0.2
0
0.2
0.4
0.6
0.8
1
Time (secs)
In
te
ra
ur
al
 ti
m
e 
di
ffe
re
nc
e 
(m
se
c)
Interaural time difference fluctuation over time
 
Figure 5.5: The measured fluctuations in 
interaural time difference over time, calculated 
for the noise stimulus with a fluctuation 
magnitude of 1.3 when replayed over the 
loudspeakers located at ±30º and captured 
using a head and torso simulator that was 
located at the listening position. 
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Figure 5.6: The measured fluctuations in 
interaural time difference over time, calculated 
for the noise stimulus with a fluctuation 
magnitude of 0.1 when replayed over the 
loudspeakers located at ±90º and captured 
using a head and torso simulator that was 
located at the listening position. 
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Figure 5.7: The measured fluctuations in 
interaural time difference over time, calculated 
for the noise stimulus with a fluctuation 
magnitude of 1.3 when replayed over the 
loudspeakers located at ±90º and captured 
using a head and torso simulator that was 
located at the listening position. 
 
It is apparent that the loudspeaker position of ±90º created a larger magnitude of interaural time 
difference fluctuations compared to the loudspeaker position of ±30º, as predicted above. 
However, Figure 5.4 to Figure 5.7 show that the most important outcome was that some form of 
interaural time difference fluctuations were created at the listening position, and that the 
magnitude of the interaural fluctuations changed in accordance with the magnitude of the inter-
loudspeaker fluctuations.  
 
To summarise, six stimuli were evaluated in the experiment. These included three levels of inter-
loudspeaker time difference fluctuation magnitude, that were replayed over two different pairs of 
loudspeakers. For all of the stimuli, the frequency of the fluctuations was 100 Hz. 
 
5.2 Method 
 
The elicitation method that was used for this experiment was discussed in detail in Chapter 3. 
From this research, it was decided to employ both absolute and relative elicitation techniques in, 
order to elicit the maximum amount of information from the subjects. The absolute descriptor 
method involved the depiction of the spatial attributes of the stimuli by the use of a graphical 
sketch-map method, together with a free-choice profiling method that involved the description of 
each stimulus individually using single words or short phrases. The relative descriptor method 
  
 
5 Experiment 2 – continuous noise stimuli presented over loudspeakers 
 Page 173 
involved the description of the differences between the stimuli that were presented in pairs, again 
using single words or short phrases. 
 
These two parts of the experiment were conducted separately, and are reported separately in 
Section 5.3 and Section 5.4.  
5.2.1 Physical set-up 
 
The experiment was carried out in an ITU-R BS 1116 standard listening room. The loudspeakers 
were positioned at ±30º and ±90º from directly in front of the subject, at a distance of 1.9 metres 
from the subject as shown in Figure 5.1. Directly in front of the subject was a table on which the 
response sheets, mouse and computer monitor were placed. The computer monitor was 
deliberately positioned so that it did not obscure the path of the direct sound from any of the 
loudspeakers to the subject. As visual localisation is known to influence auditory localisation 
[Blauert 1997], it was possible that seeing the positions of the loudspeakers may have biased the 
subjects. Therefore, the loudspeakers were concealed from the subjects by an acoustically 
transparent curtain.  
 
The reproduction of the experiment stimuli was carried out using custom listening test software 
that ran on a Silicon Graphics O2. The ADAT output of the Silicon Graphics machine was 
connected to a Yamaha 02R for routing and D/A conversion, and the analogue outputs were then 
connected to Genelec 1032A loudspeakers that were arranged as mentioned above. The 
loudspeakers were level aligned to within ±0.1 dBA using a pink noise generator and an 
omnidirectional microphone that was placed at the centre of the listening position that was 
connected to a Brüel and Kjær 2123 real-time analyser. 
 
It was apparent that moving away from the correct listening position would cause a lower 
magnitude of interaural time difference fluctuations to be created at the ears of the subject, 
therefore greatly changing the perception of some of the stimuli. Due to this, the subjects were 
asked to keep their head as close as possible to the correct position. This position was directly half 
way between the loudspeakers that were located at ±90º. As the subjects could not see the 
loudspeakers, the lateral position was marked on the desk in front of them and the front / back 
position was the closest edge of the desk. The subjects were allowed to turn their head or move a 
little while listening to the stimuli, though they were asked not to move a large amount as the aim 
of the experiment was to elicit the subjective spatial effect at the correct listening position. 
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The average RMS voltages of the stimuli were all within ±0.1 dB at all 1/3rd octave bands. These 
were reproduced over two different pairs of loudspeakers that, although positioned differently, had 
been level aligned as mentioned above. This resulted in the loudness of the stimuli being similar to 
each other, as judged subjectively by the author at the listening position. Therefore no further 
loudness alignment was required. The overall level of the stimuli was set to be the same as that 
which was used in the previous experiments, which was 90 dB SPL linear average as measured 
with a KEMAR head and torso simulator that was fitted with occluded ear simulators. This 
reproduction level was chosen based on informal listening by the author, where the loudness was 
increased until the detailed effects of the stimuli could be heard clearly, without the resulting level 
being uncomfortably loud. 
 
5.3 Experiment part 1 – elicitation of absolute descriptors 
5.3.1 Method 
 
For the graphical elicitation task, the subjects were asked to sketch the perceived spatial attributes 
of each stimulus on a plan view. In order to make the sketching technique as natural as possible for 
the subject, this was carried out using coloured pencils and paper. A number of different response 
sheets were provided for the subjects to use, each with a different scale. The subjects were asked to 
select the response sheet on which they could depict their perception of the spatial attributes of the 
sound in most detail, whilst still being able to fit the whole scene to scale on one sheet. The 
response sheets included a number of landmarks as a guide to the scale, as well as a distance scale, 
as shown in Figure 5.8. The landmarks were the acoustically transparent curtain that was used to 
conceal the loudspeaker positions, the table and computer monitor that were located in front of the 
subject, a representation of the subjects’ head, and outstretched elbow and fingertip distances.  
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Figure 5.8: Diagram of the visible and human-based distance landmarks that were given on 
the graphical response sheets. 
 
In order to minimise any bias that could have been introduced by training or instruction of how to 
depict the stimuli, the subjects were given complete freedom in how to depict their perception of 
the stimuli, though they were asked to concentrate primarily on the spatial attributes of the sounds. 
They were given the option of using a number of different colours and they were asked to denote 
the meaning of each colour that was used in the legend section of the response sheet. 
 
To support the graphical elicitation, the subjects were asked to give verbal descriptors of the 
spatial attributes of the stimuli. They were asked to give absolute descriptors of each stimulus as 
opposed to relative descriptors. In other words, the descriptors that were required were non-
comparative, rather than the more common terms that are used to contrast or compare stimuli. The 
instruction was to describe the stimuli as completely as possible by using as many single words or 
short phrases as they required, and to concentrate on the spatial attributes of the stimuli.  
 
To assist them in undertaking the task, a strategy was suggested of initially considering the 
perception of the overall scene, then considering the attributes of any scene components they 
might perceive, followed by considering the impression of any acoustical environment or room 
that they might perceive. 
 
The stimuli were controlled using custom listening test software, which displayed the play buttons 
for all six stimuli. The subjects were free to switch between the stimuli at any point and as often as 
they required. 
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As the experiment was an expert elicitation exercise, only seven carefully selected subjects were 
used. They were selected for their knowledge and experience in audio engineering and for their 
critical listening skills. They were either final year undergraduates, graduates or staff of the 
Tonmeister Music and Sound Recording degree course at the University of Surrey. As discussed in 
Chapter 3, only experienced subjects were used, as they are more familiar with analysing the 
attributes of auditory stimuli and therefore are more likely to be consistent and sensitive than 
inexperienced subjects. The experiment took an average of approximately twenty minutes to 
complete, and the subjects were encouraged to take a break whenever they needed. 
5.3.2 Analysis of the results 
 
The resulting data from this section of the experiment was in the form of sketch-maps and word or 
phrase lists for each of the stimuli. The graphical results were used as the principal data for 
analysis, and the verbal descriptors were used to support these results. 
 
The initial analysis of the elicited sketch-maps involved the examination of density plots that 
contained all the data that had been elicited from all the subjects. In this case, the entire depicted 
scene was included in the analysis, and no distinction was made between different scene 
components or types of scene component that may have been indicated in the depictions.  
 
The use of density plots reduced the 42 separate response sheets to 6 density plots, one for each 
stimulus, therefore simplifying the task of comparing the differences between the stimuli. Using 
this technique helped to uncover any obvious trends prior to further analysis. 
 
To enable the creation of the density plots, the sketch-map response sheets were scanned into a 
computer and the response sheets with different scales were transformed to have the same scale. 
The bitmap images that were created were then analysed using a custom MATLAB function and 
the resulting density plots are shown in Figure 5.9 to Figure 5.14. In all the density plots, the 
centre of the head of the subject is positioned at the centre of the plot, with the subject facing 
towards the top edge of the plot. The scale of each plot represents 12 metres from the left edge to 
the right edge. 
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rep = 0.072418
 
Figure 5.9: Density plot of the responses that 
were given for the stimulus with the lowest 
fluctuation magnitude that was reproduced 
from the loudspeakers positioned at ±30º. 
rep = 0.074459
 
Figure 5.10: Density plot of the responses that 
were given for the stimulus with the lowest 
fluctuation magnitude that was reproduced 
from the loudspeakers positioned at ±90º. 
rep = 0.017791
 
Figure 5.11: Density plot of the responses that 
were given for the stimulus with the medium 
fluctuation magnitude that was reproduced 
from the loudspeakers positioned at ±30º. 
rep = 0.059035
 
Figure 5.12: Density plot of the responses that 
were given for the stimulus with the medium 
fluctuation magnitude that was reproduced 
from the loudspeakers positioned at ±90º. 
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rep = 0.038596
 
Figure 5.13: Density plot of the responses that 
were given for the stimulus with the highest 
fluctuation magnitude that was reproduced 
from the loudspeakers positioned at ±30º. 
rep = 0.060414
 
Figure 5.14: Density plot of the responses that 
were given for the stimulus with the highest 
fluctuation magnitude that was reproduced 
from the loudspeakers positioned at ±90º. 
 
Whilst there were visible differences between the separate response sheets that made up each 
density plot, it was apparent that there was a trend in all of the responses that both width and depth 
increased as the time difference fluctuation magnitude increased. Also apparent was that the 
stimuli that were reproduced over the loudspeakers that were positioned at ±30º were depicted as 
being located predominantly in front of the subjects, whereas the stimuli that were reproduced over 
the loudspeakers that were positioned at ±90º were depicted as being located around the subjects. 
 
An examination of the raw response plots showed that the stimuli that were reproduced over the 
loudspeakers that were positioned at ±30º were mostly perceived to be in front of the subject, 
though they wrapped around the side of the subject with increasing time difference fluctuation 
magnitude. The individual responses were different between each subject, but mainly in terms of 
the depth and distance of the scene components, the spatial dimensions that have been found to be 
difficult to judge without a reference stimulus [Nielsen 1991]. 
 
For the stimuli that were reproduced over the loudspeakers that were positioned at ±90º, 
examination of the raw response sheets indicated that there were again significant differences 
between the responses of the different subjects. Most of the subjects depicted the scene 
components to be within or slightly in front of the head, with the scene components wrapping 
around the sides of the subjects with increasing time difference fluctuation magnitude. One subject 
depicted the scene component to be large and centred on the centre of the head. However, even in 
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this case, an increase in the time difference fluctuation magnitude resulted in an increase in the 
depicted width of the scene. 
 
From examination of the raw response plots, it was also apparent that some of the subjects 
identified separate components within the overall scenes that were shown in the density plots. In 
most of the cases, this was a difference in the depicted spatial properties of different frequency 
regions of the stimulus. However, as not all the subjects made this differentiation, and as there was 
little similarity between the responses of the subjects who did make this differentiation, no firm 
conclusions could be drawn. 
 
It is interesting to note that even though the subjects were directed to consider any perception of an 
acoustical environment in addition to the perceivable scene components, none of the graphical 
responses indicated any kind of acoustical environment. This suggests that the stimuli were all 
perceived as containing solely direct sound scene components, as opposed to evoking a perception 
of an acoustical environment. 
 
The second stage of analysis of the graphical responses involved measuring the maximum 
dimensions of the complete scene that had been depicted by each subject and for each stimulus. As 
discussed in Chapter 3, one of two techniques could have been employed for measuring the 
depicted dimensions on a plan view, based on either an angular metric or a dimension metric. It 
appeared from visual analysis of the response sheets that an angular measurement system was 
most appropriate, as the scene components were depicted as being curved around the subjects. 
However, as some of the depicted scenes contained components that were located within the head, 
the measurement of width as a subtended angle was unsuitable. This is due to the fact that an 
angular measurement would give a result of 360º for all the stimuli that were depicted to be 
covering the egocentre, regardless of the size of the depicted scene components. As a number of 
the depicted scenes covered the egocentre, it was considered that a fixed-head length measurement 
would be most appropriate, as discussed in Chapter 3. Therefore, the scene dimensions were 
measured along the front / back and left / right axes of the response sheet with respect to the 
direction of the head as shown in Figure 5.15. The edge positions and the width and depth of the 
entire depicted scene were measured and used for the analysis. 
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Figure 5.15: Measurements of the positions of the edges and depth and width of the depicted 
scene. 
 
In an attempt to limit the differences in the depictions of depth and distance by the different 
subjects in the response sheets, and to highlight the differences between the stimuli, the 
measurement data were normalised by the use of a z-transformation. This process was employed 
successfully in the previous experiment as described in Chapter 4, and is similar to the 
normalisation that is suggested in [ITU-R BS 1116 1997]. The result of this normalisation is that 
the data is no longer a representation of absolute position, but a set of relative positions that can be 
compared between stimuli.  
 
As the resulting data did not meet the assumptions of the analysis of variance (ANOVA), a non-
parametric Kruskal-Wallis test was used to analyse the data. The results for the effect of the 
variation in the loudspeaker position are shown in Table 5.1 and the results for the effect of the 
variation in the time difference fluctuation magnitude are shown Table 5.2. 
 
 
 
 
 
Left edge 
Right edge 
Width 
Back edge Front edge 
Depth 
  
 
5 Experiment 2 – continuous noise stimuli presented over loudspeakers 
 Page 181 
 Width Depth Left edge Right edge Front edge Back edge 
Chi-Square .228 .019 .063 1.551 16.919 16.506 
df 1 1 1 1 1 1 
Asymp. Sig. .633 .890 .801 .213 .000 .000 
Table 5.1: Table of the results of the Kruskal-Wallis non-parametric test for the z-
transformed measurement results of the scene dimensions for all subjects and all time 
difference fluctuation magnitudes, separated by reproduction loudspeaker position. 
 
 Width Depth Left edge Right edge Front edge Back edge 
Chi-Square 28.787 9.432 25.478 29.260 6.092 .927 
df 2 2 2 2 2 2 
Asymp. Sig. .000 .009 .000 .000 .048 .629 
Table 5.2: Table of the results of the Kruskal-Wallis non-parametric test for the z-
transformed measurement results of the scene dimensions for all subjects and both 
reproduction loudspeaker positions, separated by time difference fluctuation magnitude. 
 
It is apparent that a change in the loudspeaker position over which the stimuli were reproduced 
only resulted in a statistically significant change in the measured front / back position of the 
depicted scene (as denoted in bold text in Table 5.1). For both of the measurements, the 
loudspeaker position of ±30º caused the edges of the depicted scene to be further towards the top 
of the response sheet (i.e. in the direction the subject was facing) compared to the loudspeaker 
position of ±90º. The fact that there was not a statistically significant variation in the depth 
measurement indicates that the positions of the front and back edges of the depicted scene were 
changed similarly. 
 
For the different fluctuation magnitudes, it is apparent that an increase in the time difference 
fluctuation magnitude caused a statistically significant variation in the measured width and depth 
of the depicted scenes (as denoted in bold text in Table 5.2). The variation in the measured width 
is also apparent in the statistically significant results for the left and right edges of the depicted 
scene. In addition, the statistically significant variation in the measured front edge of the scene, but 
not the back edge, indicates that the variation in the depth was in terms of scene components 
expanding towards the subject, rather than expanding away or expanding both towards and away. 
This may be interpreted as the scene component being perceived as closer. However, examination 
of the raw response sheets indicated that this was primarily caused by the scene components 
wrapping round the subjects to the side as the width increased. The fact that this caused a 
significant change in the measured depth of the scene components is a limitation of the 
measurement technique that was employed. However, this technique was necessary due to the fact 
that some scene components were depicted to be within the head, as discussed above.  
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The verbal responses for this part of the experiment were also examined. Most of these mentioned 
that the major scene component was some form of noise, mostly located in front of the subject. A 
few of the subjects indicated that there were components in different frequency bands with 
different spatial characteristics that were identifiable separately, however there was little 
consistency in this. Two subjects mentioned some impression of an acoustic space (a small room 
or medium hall), however this was not indicated in the graphical responses as discussed above.  
5.3.3 Summary 
 
This part of the experiment was an absolute descriptor exercise that used graphical sketch-map 
responses that were supported by absolute verbal descriptors. The graphical data was analysed 
visually by the use of density plots and statistically by measuring the dimensions of the depicted 
scenes. 
 
There were two predominant results from this part of the experiment. The first result was that, as 
the time difference fluctuation magnitude increased, the width and depth of the depicted scene also 
increased, though it was most likely that the increase in depth was due to the depicted scene 
components wrapping around the side of the subjects with increasing width. The second result was 
that the stimuli that were reproduced over the loudspeakers that were positioned at ±30º resulted in 
the scene components being depicted further out in front of the subject. In contrast, the stimuli that 
were reproduced over the loudspeakers that were positioned at ±90º resulted in the scene 
components being depicted closer to the head of the subject. 
 
It was indicated on a number of occasions that different frequency ranges of the scene components 
had different spatial attributes. However, as this was not consistent either between the subjects or 
between the stimuli, no firm conclusions could be drawn from this. Finally, nearly all of the verbal 
and graphical responses indicated that only direct sound scene components24 were perceived, 
therefore implying that the stimuli did not evoke a perception of an acoustical environment. 
 
                                                          
24 This phrase is used in this thesis to denote scene components that are perceived as a sound 
source, in order to differentiate the fact that the actual sound sources that were used in the 
experiments were the loudspeakers or headphones. 
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5.4 Experiment part 2 – elicitation of relative descriptors 
5.4.1 Method 
 
The second stage of the experiment involved a relative verbal elicitation method that was based on 
the Repertory Grid technique. For this, all the stimuli were presented to the subjects in pairs and 
they were asked to respond with pairs of terms that described the differences between the two 
stimuli in a form that would fit the sentences ‘A is _______ compared to B’ and ‘B is _______ 
compared to A’. The subjects were specifically asked to give both of these terms (i.e. both 
antonyms) for each perceived attribute. The reason behind this was that the same word could have 
two slightly different meanings, which would only be differentiated by the different antonyms that 
were given as the opposite pole.  
 
The subjects were not limited in what they could write, and were not specifically asked to give 
spatial attributes. They were again prompted with a strategy task of initially considering the whole 
stimulus, and then concentrating on any scene components or acoustical environment that they 
perceived.  
 
The stimuli were presented to the subjects in pairs, with a different random order for each subject. 
All of the 6 stimuli were compared with each other, resulting in 30 pairs in total. The subjects were 
free to switch between each stimulus in the presented pair at any time and as often as they 
required, and they could choose when to move to the next pair of stimuli. 
 
The subjects that undertook this part of the experiment were the same seven expert listeners that 
participated in the previous section of the experiment. The experiment took an average of 
approximately thirty minutes, and the subjects were encouraged to take a break whenever they 
needed. 
5.4.2 Analysis of the results 
 
The data that resulted from the relative elicitation exercise was pairs of words that described the 
differences between the stimuli. By removing the relative adjectives such as ‘more’ or ‘less’, these 
were converted to a form that could be used as end points of scales. These were then analysed 
using content analysis as discussed in Chapter 3. To do this, the elicited terms were grouped into 
collections of terms with similar meaning and then the number of pairs in each category was 
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counted. This categorisation was carried out by the author, based on an interpretation of the 
intended meaning of the pairs of descriptors.  
 
As discussed in Chapter 3, the number of occurrences of terms in each category is indicative of the 
prominence of the underlying subjective effect. Therefore the results of the content analysis, 
shown in Figure 5.16, are an indication of the perceptual importance of the underlying subjective 
attribute or attributes that are related to each category for the stimuli and subjects that were used in 
the experiment. 
 
0
20
40
60
80
100
120
140
160
Width /
envelopment
Positional Timbral /
frequency-
based
Others
Categories of elicited terms
N
um
be
r 
of
 o
cc
ur
re
nc
es
 o
f e
lic
ite
d 
te
rm
s i
n 
ea
ch
 
ca
te
go
ry
 
Figure 5.16: Plot of the number of occurrences of word pairs in each category that were 
elicited from all paired comparisons. 
 
Figure 5.16 shows that the terms in the width or envelopment group occurred most frequently in 
the elicitation experiment, indicating that these were the most prominent differences. This group 
may actually contain three different attributes, those of width, diffuseness and envelopment. 
However, they are not clearly separable, as the subjects used the terms interchangeably in the pairs 
of antonyms, such as ‘narrow – diffuse’ or ‘mono – enveloping’. The combination of these terms 
may be due to one of a number of reasons. It may be that these are three different underlying 
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spatial attributes and that the specific characteristics of the stimuli caused them to be correlated 
with each other in this case. On the other hand, it may be that the subjects were using the different 
terms to refer to one underlying spatial attribute and did not discriminate between the meaning of 
the terms. 
 
In concert hall acoustics, it is more usual for the term envelopment to be applied to the perception 
of an acoustical environment or reverberance, and yet in this case it appears to be referring to a 
perceived sound source. This difference in terminology is likely to be due to the fact that in 
concert halls it is unusual for a sound source to be enveloping, as a single source will not surround 
the listener. However, in sound reproduction it is possible for a sound to be reproduced from a 
number of loudspeakers that surround the listener, which will be perceived as a single source that 
is located all around. 
 
Even though the term envelopment can be applied to a perceived sound source in sound 
reproduction, its similarity to width is also worth consideration. The definition of envelopment is 
“surrounding completely” [Oxford Dictionary of English 1998: 617]. It is apparent from the results 
of the sketch-map elicitation that only a small number of subjects depicted the scene components 
as completely surrounding the listening position, and this was only for some of the stimuli. 
Therefore in this case, it may be that the term envelopment was used to indicate that one stimulus 
surrounded the subject more than another stimulus, but it may have not been completely 
surrounding or enveloping. If the term was used in this manner, then it is similar to the increasing 
width of the scene as described by the other terms. 
 
The group of terms with the next largest number of occurrences related to the position of the 
perceived scene components. These included descriptors of distance, externalisation, height, and 
front / side differentiation. Most of the terms indicated that the scene components were perceived 
as located at the front, around or at the side of the head, depending on the stimulus. 
 
Timbral and frequency-based terms formed the next largest group. As the main focus of this 
research was elicitation of the spatial attributes of the stimuli, this group of terms is of less 
importance and is included solely for interest. The terms in this group primarily related to the 
perceived loudness of different frequency bands or the perceived bandwidth of the sound. Also 
included in this group was the attribute ‘low pitch – high pitch’, which may be timbral or may 
refer to some form of perceived difference in pitch.  
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The group labelled ‘others’ is a category that contains all the terms that occurred 15 times or less. 
This includes descriptors that relate to the phasiness, naturalness, warmth and loudness, as well as 
others that were mentioned only once or twice. 
 
The content analysis that was shown above could be further separated by the two independent 
variables of loudspeaker position and time difference fluctuation magnitude. This was achieved by 
examining the terms that had been elicited for the pairs of stimuli that contained differences in 
only one of the independent variables. For instance, the content analysis for the different 
loudspeaker positions included responses to the pairs of stimuli that only differed in the 
reproduction loudspeaker position. The content analysis for the different time difference 
fluctuation magnitudes included responses to the pairs of stimuli that only differed in the time 
difference fluctuation magnitude and were reproduced over the same loudspeakers. 
 
Figure 5.17 shows the results for the pairs of stimuli where there was solely a difference in the 
reproduction loudspeaker position, categorised in the same manner as the content analysis of the 
data from all the paired comparisons that was shown above. 
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Figure 5.17: Plot of the number of occurrences of word pairs in each category that were 
elicited from comparing different loudspeaker positions with the same inter-loudspeaker 
time difference fluctuation magnitude. 
 
It is apparent that the category of terms that contained the largest number of occurrences in this 
case related to position terms, and not width or envelopment terms as was the case for the content 
analysis that included all the elicitation data.  However, there was not a large difference between 
the number of terms that were elicited in each of the three main categories, indicating that no 
perceivable attribute was more prominent than the others. This was a reasonable result as varying 
the loudspeaker position also caused a variation in the magnitude of the fluctuations in interaural 
time difference, as shown in Section 5.1. In addition, the variation in the loudspeaker position 
would be likely to cause a variation in the frequency response of the signals that arrive at the ears, 
due to the differing interaction of the loudspeaker with the room at different positions [Everest 
2001]. 
 
The individual words that made up each category of terms were broadly similar to those described 
in the content analysis for all the paired comparison elicitation data. In other words, there did not 
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appear to be any specific terms that were applied to the differences between the loudspeaker 
positions that were not applied to the differences between the other stimuli and vice versa. 
 
To summarise, it appears that changing the reproduction loudspeaker arrangement from ±30º to 
±90º for these stimuli resulted in a subjective difference in the perceived width or envelopment, 
position and timbre of the sound. 
 
Figure 5.18 shows the results for the pairs of stimuli where there was solely a difference in the 
time difference fluctuation magnitude, categorised in the same manner as the content analysis of 
the data from all the paired comparisons that was shown in Figure 5.16.  
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Figure 5.18: Plot of the number of occurrences of word pairs in each category that were 
elicited from comparing different inter-loudspeaker time difference fluctuation magnitudes 
with the same loudspeaker positions. 
 
It is apparent that the category of terms that contained the largest number of occurrences in this 
case related to width or envelopment. This indicates that this was the most perceivable difference 
between the stimuli by a large amount. Again, the individual words that made up each category of 
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terms were broadly similar to those described in the content analysis for all the paired comparison 
elicitation data.  
 
Therefore it appears that changing the time difference fluctuation magnitude for these stimuli and 
loudspeaker positions predominantly resulted in a perceived difference in the width or 
envelopment. However, differences were also reported in the perceived position and timbre of the 
sound as well as a number of other factors. 
 
The similarity of the terms that were used to describe the differences that were caused by the two 
independent variables of reproduction loudspeaker position and time difference fluctuation 
magnitude may be due to the interaction of the two independent variables in the same experiment. 
For instance, if the subjects perceived a large difference in one subjective attribute in one pair of 
stimuli, this may have prompted them to consider the same attribute for the next pair of stimuli. In 
this way, they may have noticed and described a difference that is very small and that they would 
otherwise not have noticed or thought important enough to describe.  
 
This is a problem that is unavoidable without carrying out a large number of short experiments that 
make use of a different set of subjects for each experiment to avoid attributes that are learnt in one 
experiment from affecting the next. However, the use of different subjects may raise a larger 
number of problems, due to the differences between the groups of subjects [Wilson 1995].  
 
The phenomenon that is described above may have affected the results of this paired comparison 
experiment by diluting the differences between the subjective attributes that were elicited for the 
two independent variables. However, there are still large differences between the number of terms 
in each category for the two independent variables as shown in Figure 5.17 and Figure 5.18, and 
therefore conclusions can still be drawn. 
5.4.3 Summary 
 
This part of the experiment was a relative descriptor elicitation exercise where the stimuli were 
presented in pairs and the subjects were asked to describe the differences between them. The 
results were then analysed using content analysis, in which the pairs of elicited words were 
assigned to categories based on the meaning as interpreted by the author. 
 
The results of this part of the experiment indicated that the most prominent difference that was 
perceived between the stimuli was related to the width or envelopment of the scene components. 
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These results were further separated by the differences that were caused individually by the two 
independent variables. The subjective differences that were caused by the change between the two 
reproduction loudspeaker positions included width, position and timbral changes, along with a 
number of other terms. However, the predominant difference by a large margin that was caused by 
the variation in time difference fluctuation magnitude was the perceived width or envelopment of 
the scene components. 
 
5.5 Discussion 
 
The use of different elicitation techniques for the experiment was useful for obtaining a wider 
range of data than would have been available from the application of just one technique. As 
expected, the relative descriptor experiment was useful for exploring the differences between the 
stimuli to obtain sensitive results. The drawback was that even though the data gave an indication 
of what the perceived differences were, it did not give any information on the magnitude of the 
differences. Also, the relative descriptors gave no information on the aspects of the audio that were 
the same in each of the compared stimuli. 
 
The use of the absolute elicitation techniques also appeared to have advantages and disadvantages. 
This stage of the experiment appeared to be less sensitive and consistent than the relative 
descriptor exercise. This is shown in the greater variation between the results of the subjects, and 
the smaller number of attributes that were elicited. However, the graphical sketch-maps had the 
advantage of providing data on the perceived positions of the scene components, and measurement 
of this data allowed statistical analysis of the results. Finally, the absolute verbal descriptors gave 
an indication of the perceptual characteristics that were common to all the stimuli. 
 
Despite the differences in the elicitation techniques, there were a large number of similarities in 
the results of the two sections of the experiment. Firstly, both sections indicated that the 
predominant subjective effect of changing the time difference fluctuation magnitude of the stimuli 
resulted in an increase in the perceived width of the scene. Secondly, both types of elicitation 
showed that changing the reproduction loudspeaker position caused the position of the perceived 
scene components to move towards and around the subject. Finally, both techniques indicated that 
the stimuli were perceived as containing only direct sound scene components, with no perception 
of an acoustical environment. 
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However, there was an interesting difference between the results that were elicited in the two 
sections of the experiment. The dimension of depth varied significantly in the results of the 
graphical elicitation experiment, whereas for the relative verbal descriptors there was only one 
mention of a difference in the depth of the stimuli in all the paired comparisons25. As mentioned in 
Section 5.3, the statistically significant variation in depth is likely to be due to the scene 
components wrapping around the subjects with increasing width. Due to the limitations of the 
measurement technique, this is reflected in a variation in the measured depth. Therefore it is 
apparent that further work is needed to develop more suitable methods for analysing graphical 
sketch-map data that can take into account scene components both within and outside the head. 
 
It is interesting to compare the results of this experiment with those of the previous experiment 
that was described in Chapter 4, in which the same signals that were used in this experiment were 
replayed to the subjects over headphones. In the headphone-based experiment, an increase in the 
magnitude of the fluctuations in interaural time difference caused an increase in the size of the 
depicted scene, with statistically significant variations in the width, height and depth. For the 
loudspeaker-based experiment, the results of the sketch-map elicitation stage indicated that an 
increase in the magnitude of the fluctuations in inter-loudspeaker time difference (and therefore a 
corresponding increase in the magnitude of the fluctuations in interaural time difference) resulted 
in a increase in the width and depth of the depicted scene (though it was not possible to depict 
height). However, there was no mention of a variation in the depth or height of the scene in the 
relative verbal descriptor elicitation stage of the experiment. The expected differences between the 
results were present, in that for the headphone-based experiment, a majority of the scene 
components were perceived to be within the head, whereas for the loudspeaker-based experiment a 
majority of the scene components were depicted to be outside the head, mostly in front of the 
subjects. 
 
It is apparent that there are differences in the results of the two experiments, however the 
predominant result of an increase in the perceived width of the scene with an increase in the 
magnitude of the fluctuations in interaural time difference was similar in both experiments. 
 
                                                          
25 Whilst terms were elicited regarding changes in the distance of the scene components, this is 
regarded by the author as a separate attribute to the depth of the scene components. 
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5.6 Comparison with results of experiments into the perception of 
variations in the interaural cross-correlation coefficient  
 
It was proposed in Chapter 2 that it would be useful to compare the results from this experiment 
with the results from experiments that investigated the perception of mixed noise stimuli that 
contained a range of values of interaural cross-correlation coefficient. As discussed in Chapter 3, 
the mixed noise stimuli create a similar interaural cross-correlation coefficient as the frequency 
modulated noise stimuli that were used in this experiment, though the fluctuations in interaural 
time and level difference that are contained in each type of stimulus are different. By comparing 
the results from this experiment with a previous experiment that was conducted using mixed noise 
stimuli, it may be possible to gain an indication of the perceptual mechanism that is used to 
perceive the fluctuations in interaural time difference, as discussed in Chapter 2.  
 
The experiments that were conducted by Plenge [Plenge 1972] investigated the subjective spatial 
effect of such mixed noise stimuli that were presented to the subjects over loudspeakers. These 
were discussed in detail in Chapter 1. The reproduction environment that was employed in the 
Plenge experiment was anechoic, which is different to the ITU-R BS 1116 standard listening room 
that was used in the experiment described in this chapter. The reason for the use of a non-anechoic 
environment in this experiment was so that the results could be related to conventional sound 
reproduction, as explained in Section 5.1. Nonetheless, the analysis shown in Section 5.1 indicated 
that the magnitude of the resulting fluctuations in interaural time difference varied in a similar 
manner to the magnitude of the fluctuations in inter-loudspeaker time difference. Therefore, as the 
fluctuations in interaural time difference are intrinsically linked with the resulting interaural cross-
correlation coefficient, as demonstrated in Chapter 2, this means that the interaural cross-
correlation coefficient varied with the magnitude of the fluctuations that were contained within the 
stimuli. This was confirmed by the use of a long-term and wide-band measurement of the resulting 
interaural cross-correlation coefficient of each of the stimuli that were used in this experiment. The 
results are shown in Table 5.3. 
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Loudspeaker position Inter-loudspeaker time difference 
fluctuation magnitude ±30º ±90º 
0.1 0.874 0.740 
0.7 0.761 0.463 
1.3 0.556 0.432 
Table 5.3: Long-term and wide-band maximum interaural cross-correlation coefficient 
measurement results across a range of τ = ± 1 ms, measured at the listening position for the 
six stimuli that were used in the experiment that is described in this chapter, separated by 
the inter-loudspeaker fluctuation magnitude and the reproduction loudspeaker position.  
 
These results verify that an increase in the magnitude of the fluctuations in inter-loudspeaker time 
difference resulted in a decrease in the resulting interaural cross-correlation coefficient at the 
listening position. Therefore the results of this experiment and the experiment that was conducted 
by Plenge are comparable.  
 
The experiment that was carried out by Plenge used mixed noise stimuli that contained a range of 
inter-loudspeaker cross-correlation coefficients (and therefore a range of interaural cross-
correlation coefficients) that were reproduced over loudspeakers that were positioned at ±30º from 
the median plane. The stimulus with an interaural cross-correlation coefficient of approximately 1 
resulted in the perception of a relatively small stationary scene component that was located 
directly between the loudspeakers. This is similar to the stimulus with the highest interaural cross-
correlation coefficient in the experiment that was described in this chapter. A decrease in the 
interaural cross-correlation coefficient in the Plenge experiment resulted in the scene components 
being depicted as larger. There was also a variation in the front / back position of the depicted 
stimuli, though this was dependent on the individual subject, with the depictions positioned from 
between the loudspeakers to behind the subjects. For the experiment that was described in this 
chapter, an increase in the magnitude of the fluctuations in interaural time difference (and 
therefore a decrease in the interaural cross-correlation coefficient) also resulted in the scene 
component being depicted as larger.  
 
The results of the Plenge experiment and the experiment that was summarised in this chapter are 
similar in that a decrease in the interaural cross-correlation coefficient or an increase in the 
magnitude of the fluctuations in interaural time difference both caused the depicted scene 
components to become wider. However, the differences in the front / back position that were 
apparent in the results of the Plenge experiment were not apparent in this experiment. It is not 
clear whether this difference in the results is significant, and if so, whether it was caused by the 
difference between the reproduction environment or the difference between the characteristics of 
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the mixed noise or frequency modulated signals. More research is required to investigate this 
further. 
 
Nevertheless, it is apparent that for both types of stimulus, a reduction in the interaural cross-
correlation coefficient (whether caused by mixing uncorrelated noise sources or increasing the 
magnitude of time difference fluctuations) resulted in an increase in the depicted width of the 
scene components. This indicates that the fluctuations in interaural time difference may be 
perceived by the use of the same perceptual mechanism that is employed to detect the interaural 
cross-correlation coefficient. This was also found for a comparison between the headphone-based 
studies that investigated the subjective spatial effect of frequency modulated and mixed noise 
stimuli that were discussed in Chapter 4. However, as was discussed in that chapter, this result is 
not conclusive and more research is needed to confirm this. 
 
5.7 Summary 
 
This chapter summarised the experiment that was undertaken to investigate the subjective spatial 
effect of continuous noise stimuli that contained fluctuations in interaural time difference that were 
delivered over loudspeakers. The stimuli were frequency modulated noise stimuli that contained 
fluctuations in inter-loudspeaker time difference, with a single fluctuation frequency of 100 Hz 
and a range of fluctuation magnitudes. These were reproduced over one of two pairs of 
loudspeakers that were positioned at ±30º and ±90º from the median plane. This created 
fluctuations in interaural time difference at the listening position, with a range of fluctuation 
magnitudes. 
 
The subjective spatial effect that was created by the stimuli was judged by seven expert subjects 
using a combination of verbal and non-verbal elicitation methods. The first section of the 
experiment included a sketch-map elicitation method that was supported by an absolute verbal 
elicitation method. The sketch-map depictions were then analysed using visual examination of the 
raw response sheets and density plots, together with statistical analysis of the results of 
measurement metrics. The verbal responses were examined to give further indication of the 
properties of the stimuli. The second section of the experiment involved a relative verbal 
descriptor exercise where the stimuli were presented in pairs and the subjects were asked to 
describe the perceived differences. The results of this elicitation were analysed using content 
analysis.  
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There were some differences between the results that were obtained from the range of elicitation 
methods that were used. In particular, it appeared from the sketch-map elicitation experiment that 
varying the magnitude of the time difference fluctuations caused a difference in the depicted depth 
of the stimuli. However, there was no mention of a variation in depth in the relative verbal 
descriptor experiment. Even so, the most prominent results from this experiment were apparent 
from the results of all the elicitation techniques that were used. Firstly, it appeared that an increase 
in the magnitude of the fluctuations in interaural time difference resulted in the perceived scene 
components becoming wider. Secondly, it appeared that altering the position of the loudspeakers 
over which the stimuli were reproduced from ±30º to ±90º resulted in the perceived scene 
components moving from in front of the subjects to around the subjects.  
 
The results of this experiment were compared with the results of the previous experiment, where 
the same stimuli were reproduced over headphones. This showed that the main differences 
between the results of the two experiments related to the perceived position of the scene 
components. However, the predominant result from both experiments was that an increase in the 
magnitude of the fluctuations in interaural time difference resulted in the scene components being 
perceived as larger.  
 
The results of this experiment were also compared with the results of a previous experiment that 
investigated the subjective spatial effect of mixed noise stimuli that contained a range of interaural 
cross-correlation coefficients that were reproduced over loudspeakers. This showed that the results 
from the two experiments were similar, indicating that the fluctuations in interaural time difference 
and the interaural cross-correlation coefficient may be perceived by the use of the same perceptual 
process. 
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6 Experiment 3 – an investigation of the subjective spatial effect 
of decaying noise stimuli that contain fluctuations in 
interaural time difference delivered over loudspeakers 
 
 
The experiment that was summarised in Chapter 4 investigated the subjective spatial effect of 
continuous noise stimuli that contained fluctuations in interaural time difference that were 
presented to the subjects over headphones. The results of this experiment indicated that for stimuli 
that contained rapid fluctuations that caused no perceived movement, an increase in the magnitude 
of the fluctuations resulted in an increase in the perceived size of the stationary scene components. 
However, the stationary scene components were mostly perceived to be within the head, a 
situation that is unusual in conventional sound reproduction. The experiment that was summarised 
in Chapter 5 investigated the subjective spatial effect of similar signals that were presented to the 
subjects over loudspeakers, in order to create scene components that would be perceived to be 
outside the head. The results of this experiment indicated that an increase in the magnitude of the 
rapid fluctuations in interaural time difference resulted in an increase in the perceived width of the 
stationary scene components.  
 
For both of these experiments, the stimuli were perceived to contain only direct sound scene 
components, with no indication of a reverberant environment. It was shown in Chapter 2 that the 
fluctuations in interaural time difference are created by the interaction of a direct sound and one or 
more reflections, and that the fluctuations that were contained within a reverberant decay were 
different to those that were contained within a signal that included a direct sound signal.  
 
This chapter describes the experiment that was undertaken to elicit the subjective effect of the 
fluctuations in interaural time difference that were contained within stimuli that were perceived to 
be a reverberant decay. The stimuli that were used in the experiment are summarised, and the 
method and procedure that were used in the experiment are then discussed. The results are then 
analysed and discussed in detail, and conclusions are drawn from these. Finally, the results of the 
experiment are compared with those of previous experiments, and the limitations of the 
experiment are discussed.  
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6.1 Stimuli 
 
The purpose of the experiment was to elicit the subjective effect of different magnitudes of time 
difference fluctuations that were contained within a reverberant decay. To enable accurate 
investigation of this, stimuli with specifically controlled parameters were needed to minimise any 
confounding variables, as discussed in Chapter 3. It was considered whether it would be possible 
to use a reverberant decay that was created by a musical signal in a concert hall for this purpose. 
However, this was rejected for a number of reasons.  
 
Firstly, the reverberation could not be generated using recordings or simulations of concert halls, 
as it would be difficult to create controlled stimuli that contained certain characteristics of 
fluctuations in interaural time difference by the use of this method.  It would also have been 
impossible to change the characteristics of the fluctuations without also changing other perceivable 
parameters of the acoustics, such as the hall dimensions, early reflection pattern, absorption, 
reverberation time or combinations of these. Therefore this would have created a confounding 
variable, which would mean that any perceived differences might not solely be due to the 
variations in the characteristics of the fluctuations. 
 
Secondly, the use of a musical signal had a number of disadvantages. The use of a reverberant 
decay without the direct sound source may have sounded unnatural to the subjects, therefore it was 
decided to include the direct sound if possible. As discussed in Chapter 3, a musical signal may be 
recognised as a musical instrument and the assumed inherent spatial properties of the instrument 
may bias the judgements of the subjects. Finally, musical signals would be tonal and have a 
narrow frequency range, meaning that the results of this experiment could not be directly 
compared with the wide-band noise stimuli that were used in the previous experiments that were 
described in Chapter 4 and Chapter 5.  
 
Based on these considerations, it was decided to imitate a short noise burst in a concert hall. The 
most important factor was to create pre-determined time difference fluctuations in a signal that 
approximated a reverberant decay. The continuous noise stimuli that were used in the previous 
experiment were employed for the fluctuating signal, in order to allow comparison. However in 
this case, in order to imitate a reverberant decay, they were modified with an amplitude envelope 
that was similar to the decay of a concert hall impulse response.  
 
In order to maximise the magnitude of the fluctuations in interaural time difference that were 
created at the listening position, the decaying signals that contained time difference fluctuations 
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were reproduced over loudspeakers that were located at each side of the subject, as shown in 
Figure 6.1. 
 
01
A0
A1
A2
 
Figure 6.1: Three-dimensional representation of the listening room, showing the location of 
the listening position (labelled 01) and the three loudspeakers, one that was positioned 
directly in front of the subject (labelled A0) and two that were positioned at ±90º from 
directly in front of the subject (labelled A1 and A2). 
 
In addition to the reverberant decay that contained the time difference fluctuations, the direct 
sound source was emulated by the use of a noise burst that was reproduced from a loudspeaker that 
was positioned directly in front of the subject. It was found by informal listening by the author 
that, in some cases, this method of creating the stimuli caused the reverberation to be perceived as 
separating into two discrete components – one on each side of the subject. To alleviate this, a 
monophonic noise signal with a similar decay was also reproduced from the loudspeaker that was 
positioned directly in front of the subject.  
 
This method was a compromise, and was not meant to accurately simulate the perception of an 
impulse or noise burst that was sounded in a concert hall. However, informal listening by the 
author indicated that the resulting perceptual effect was similar to a noise burst in a reverberant 
space, with the spatial attributes varying in accordance with the different characteristics of the time 
difference fluctuations. 
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The continuous noise stimuli that were used in this experiment were identical to those that were 
used in the experiment that was described in Chapter 5. These were frequency modulated sine 
tones that were created as shown in Equation 3.1, with a frequency range (fc) from 40 to 2560 Hz, 
a pink noise-like frequency response, a single fluctuation frequency (fm) of 100 Hz, and three 
values of fluctuation magnitude (m) of 0.1, 0.7 and 1.3.  
 
The continuous noise stimuli were then modified using amplitude envelopes of simulated 
reverberant decays. Two different amplitude envelopes were created that imitated the decay 
characteristics of two concert halls with differing reverberation times. This was to enable the 
investigation of whether the duration of the reverberant decay of the stimulus had an effect on the 
perceived spatial attributes of either the direct sound scene component or any perceived acoustical 
environment. The concert halls were simulated in CATT-Acoustic, and were simple shoe-box 
models. The first had a reverberation time of approximately 1.2 seconds, and the second had a 
reverberation time of approximately 2 seconds. Impulse responses were calculated from a central 
omnidirectional sound source to coincident omnidirectional and lateral figure-of-8 microphones 
that were positioned 8 metres directly in front of the source. The omnidirectional microphone 
impulse response was used to create an amplitude envelope to modify the monophonic noise signal 
that was produced from the loudspeaker that was located directly in front of the subject, and the 
figure-of-8 microphone impulse response was used to create an amplitude envelope to modify the 
noise signals that contained time difference fluctuations that were reproduced from the lateral 
loudspeakers. The amplitude envelopes were created by taking the absolute values of each impulse 
response and employing a time-based smoothing window with a length that was determined by 
audition, with the aim of creating a subjective effect that sounded as natural as possible. 
 
As the stimuli were presented over loudspeakers, the fluctuations in time difference that were 
created by the noise stimuli were inter-loudspeaker time differences and not interaural time 
differences. As shown in Chapter 5, reproduction of these fluctuations in inter-loudspeaker time 
difference over loudspeakers that were positioned at ±90º from the median plane resulted in the 
creation of fluctuations in interaural time difference at the listening position, whose magnitude 
changed in accordance with the magnitude of the fluctuations in inter-loudspeaker time difference. 
 
To summarise, six stimuli were evaluated in the experiment. This included three levels of inter-
loudspeaker time difference fluctuation magnitude for each of the two reverberation times. For all 
of the stimuli, the frequency of the fluctuations was 100 Hz. 
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6.2 Method 
 
The elicitation method that was used for this experiment was discussed in detail in Chapter 3 and 
was identical to that which was used in the experiment that was described in Chapter 5. In view of 
this, only a summary is included here, and more information can be found in the relevant chapters. 
Both absolute and relative elicitation techniques were employed in order to elicit the maximum 
amount of information from the subjects. The absolute descriptor method involved the depiction of 
the spatial attributes of the stimuli by the use of a graphical sketch-map method, together with a 
free-choice profiling method that involved the description of each individual stimulus using single 
words or short phrases. The relative descriptor method involved the description of the differences 
between the stimuli that were presented in pairs, again using single words or short phrases. 
 
These two parts of the experiment were conducted separately, and are reported separately in 
Section 6.3 and Section 6.4.  
6.2.1 Physical set-up 
 
The physical set-up for the experiment was identical to that which was used for the experiment 
that was described in Chapter 5. The details are summarised here, but for more information the 
reader is referred to the information that is contained in the previous chapter. As shown in Figure 
6.1, the loudspeakers were positioned at 0º and ±90º from directly in front of the subject in the 
listening room. The response sheets, mouse and computer monitor were placed on a table that was 
positioned in front of the subject.  
 
The stimuli were replayed using custom listening test software running on a Silicon Graphics O2. 
This was connected via a Yamaha 02R for routing and D/A conversion to the Genelec 1032A 
loudspeakers that were arranged as mentioned above.  
 
As for the stimuli that were used in the experiment that is described in Chapter 5, it was apparent 
that moving away from the correct listening position caused a lower magnitude of interaural time 
difference fluctuations to be created at the ears of the subject, therefore greatly changing the 
perception of some of the stimuli. Due to this, the subjects were asked to keep their head as close 
as possible to the correct position.  
 
As the average RMS voltages of the stimuli were all within ±0.1 dB at all 1/3rd octave bands and 
they were all reproduced over the same set of loudspeakers, the loudness of the stimuli was similar 
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to each other as judged subjectively by the author at the listening position. Therefore no further 
loudness alignment was required. The overall level of the stimuli was set to be subjectively similar 
to the stimuli used in the previous experiments.  
 
6.3 Experiment part 1 – elicitation of absolute descriptors 
6.3.1 Method 
 
The method that was employed for the absolute elicitation task was identical to that which was 
used in the previous experiment that was described in Chapter 5. A summary is included here for 
reference, but for more details, the reader is referred to the description that is contained in that 
chapter and the discussion that is contained in Chapter 3.  
 
For the graphical elicitation task, the subjects were asked to sketch the perceived spatial attributes 
of each stimulus on a plan view. A number of different response sheets were provided for the 
subjects to use, each with a different scale, and the subjects were asked to select the appropriate 
response sheet for depicting the entire scene in as much detail as possible. The response sheets 
included a number of landmarks as a guide to the scale, as well as a distance scale.  
 
In order to minimise any bias that could have been introduced by training or instruction of how to 
depict the stimuli, the subjects were given complete freedom in how to depict their perception of 
the stimuli, though they were asked to concentrate primarily on the spatial attributes of the sounds. 
They were given the option of using a number of different colours and they were asked to denote 
the meaning of each colour that was used in the legend section of the response sheet. 
 
To support the graphical elicitation, the subjects were asked to give absolute verbal descriptors of 
the spatial attributes of the stimuli. The instruction was to describe the stimuli as completely as 
possible, using as many single words or short phrases as they required, and to concentrate on the 
spatial attributes of the stimuli.  
 
To assist them, a strategy was suggested of initially considering the perception of the overall 
scene, then considering the perception of any scene components they might perceive, followed by 
considering the impression of any acoustical environment or room that they might perceive. 
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The stimuli were controlled using custom listening test software, which displayed the play buttons 
for all six stimuli. The subjects were free to switch between the stimuli at any point and as often as 
they required. 
 
As the experiment was an expert elicitation exercise, only seven carefully selected subjects were 
used, who were selected for their knowledge and experience in audio engineering and for their 
critical listening skills. The experiment took an average of approximately twenty minutes to 
complete, and the subjects were encouraged to take a break whenever they needed. 
6.3.2 Analysis of the results 
 
The resulting data from this section of the experiment was in the form of sketch-maps and word or 
phrase lists for each of the stimuli. The graphical results were used as the principal data for 
analysis, and the verbal descriptors were used to support these results. 
 
The initial analysis of the elicited sketch-maps involved the examination of density plots that 
contained all the data that had been elicited from all the subjects. In this case, the entire depicted 
scene was included in the analysis, and no distinction was made between different scene 
components or types of scene component that may have been indicated in the depictions.  
 
The use of density plots reduced the 42 separate response sheets to 6 density plots, one for each 
stimulus, therefore simplifying the task of comparing the differences between the stimuli. This 
technique helped to uncover any obvious trends prior to further analysis. 
 
The resulting density plots are shown in Figure 6.2 to Figure 6.7. In all the density plots, the centre 
of the head of the subject is positioned at the centre of the plot, with the subject facing towards the 
top edge of the plot. The scale of each plot represents 12 metres from left edge to right edge. 
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rep = 0.045748
 
Figure 6.2: Density plot of the responses that 
were given for the stimulus with the shorter 
reverberation time and the lowest fluctuation 
magnitude. 
rep = 0.012591
 
Figure 6.3: Density plot of the responses that 
were given for the stimulus with the longer 
reverberation time and the lowest fluctuation 
magnitude. 
rep = 0.064664
 
Figure 6.4: Density plot of the responses that 
were given for the stimulus with the shorter 
reverberation time and the medium fluctuation 
magnitude. 
rep = 0.065838
 
Figure 6.5: Density plot of the responses that 
were given for the stimulus with the longer 
reverberation time and the medium fluctuation 
magnitude. 
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rep = 0.067973
 
Figure 6.6: Density plot of the responses that 
were given for the stimulus with the shorter 
reverberation time and the highest fluctuation 
magnitude. 
rep = 0.1559
 
Figure 6.7: Density plot of the responses that 
were given for the stimulus with the longer 
reverberation time and the highest fluctuation 
magnitude. 
 
In Figure 6.2 to Figure 6.7, differences were visible between the separate responses that made up 
each density plot, indicating that the subjects perceived the spatial attributes of the scene 
differently. However, there appeared to be a trend, in that an increase in the magnitude of the time 
difference fluctuations caused an increase in the width and depth of the depicted auditory scene. 
There were also differences between the stimuli with the same time difference fluctuation 
magnitude and differing reverberation times, as in some cases there also appeared to be an increase 
in the depth and width of the depicted scenes. 
 
An inspection of the raw response sheets gave a clearer indication of the differences between the 
responses from each individual subject. For instance, for the stimulus with the shorter 
reverberation time and the lowest time difference fluctuation magnitude, most of the responses 
indicated that the auditory scene was relatively small and located in front of the subject. However, 
one subject indicated that the scene components wrapped around the side and one subject drew the 
response as completely encircling the listening position. 
 
For the stimuli with the shorter reverberation time and a larger magnitude of time difference 
fluctuations, the depictions were of a similar shape to those that were given for the stimulus with 
the lowest fluctuation magnitude, although they were larger in both width and depth. In some 
cases, the stimuli with the longer reverberation time appeared to have been depicted quite 
differently to the similar stimuli with the shorter reverberation time. Nevertheless, in most cases 
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similar shapes could be seen in the raw response sheets for all the stimuli, albeit with differences 
in the width, depth and distance of the depictions. 
 
Examination of the raw response sheets also indicated that all the subjects had depicted both a 
perceived direct sound scene component and a reverberant environment. The analysis so far 
included both of these factors in a complete scene. However, in order to obtain more information 
these were analysed separately. The density plots of the depicted direct sound scene components 
are shown in Figure 6.8 to Figure 6.13.  
 
rep = 0.070604
 
Figure 6.8: Density plot of the responses that 
indicated a direct sound scene component that 
were given for the stimulus with the shorter 
reverberation time and the lowest fluctuation 
magnitude. 
rep = 0.015508
 
Figure 6.9: Density plot of the responses that 
indicated a direct sound scene component that 
were given for the stimulus with the longer 
reverberation time and the lowest fluctuation 
magnitude. 
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rep = 0.03925
 
Figure 6.10: Density plot of the responses that 
indicated a direct sound scene component that 
were given for the stimulus with the shorter 
reverberation time and the medium fluctuation 
magnitude. 
rep = 0.03506
 
Figure 6.11: Density plot of the responses that 
indicated a direct sound scene component that 
were given for the stimulus with the longer 
reverberation time and the medium fluctuation 
magnitude. 
rep = 0.012841
 
Figure 6.12: Density plot of the responses that 
indicated a direct sound scene component that 
were given for the stimulus with the shorter 
reverberation time and the highest fluctuation 
magnitude. 
rep = 0.030812
 
Figure 6.13: Density plot of the responses that 
indicated a direct sound scene component that 
were given for the stimulus with the longer 
reverberation time and the highest fluctuation 
magnitude. 
 
It can be seen in Figure 6.8 to Figure 6.13 that again there were differences between the sketch-
map responses that were depicted by the individual subjects. However, in all cases the direct sound 
scene component was depicted as being relatively small and located directly in front of the subject. 
The differences between the responses from each subject mainly relate to the distance and size of 
the depiction. It must be noted that it is apparent that no consistent changes were caused by the 
differences between the stimuli. Therefore it appears that the variations in the duration of the 
reverberant decay and the time difference fluctuation magnitude that was contained within the 
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reverberant decay did not affect the spatial attributes of the direct sound scene component in this 
experiment. 
 
The direct sound scene components were a small portion of the overall depicted scene and there 
were no consistent differences between the responses for each stimulus that depicted direct sound 
scene components.  In view of this, the results for the overall scene were therefore indicative of the 
perceived attributes of the remainder of the scene excluding the direct sound scene components. 
This was indicated as a perceived acoustical environment in all of the raw response sheets. 
 
It is therefore apparent from the density plots that changing the reverberation time and time 
difference fluctuation magnitude of the stimuli resulted in a change in the width and depth of the 
perceived acoustical environment. However, these variations did not change the perceived spatial 
attributes of the direct sound scene components. 
 
The second stage of the analysis of the graphical responses involved measuring the maximum 
dimensions of the direct sound scene component and acoustical environment as depicted by each 
subject and for each stimulus. As discussed in Chapter 4 and Chapter 5, it would have been 
preferable to calculate the measurements based on an angular metric. However, as a number of the 
depicted scene components covered the egocentre, this was found to be unsuitable. Therefore the 
dimensions were measured along the front / back and left / right axes of the response sheet with 
respect to the direction of the head, as shown in Figure 6.14.  
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Figure 6.14: Measurements of the positions of the edges and depth and width of the depicted 
scene, and the depth and width of the depicted direct sound scene component. 
 
In an attempt to limit the differences in the depth and distance in the response sheets that were 
depicted by the different subjects, and to highlight the differences between the stimuli, the 
measurement data were normalised by the use of a z-transformation. This process was employed 
successfully in the previous experiments, as described in Chapter 4 and Chapter 5, and is similar to 
the normalisation that is suggested in [ITU-R BS 1116 1997]. The result of this normalisation is 
that the data are no longer a representation of absolute position, but a set of relative positions that 
can be compared between stimuli. 
 
As the resulting data did not meet the assumptions of the analysis of variance (ANOVA), a non-
parametric Kruskal-Wallis test was used to analyse the data. The results of the measurements of 
the direct sound scene components are shown in Table 6.1 and Table 6.2, and the results of the 
measurements of the acoustical environment scene components are shown in Table 6.3 and Table 
6.4. These are separated by the independent variables of reverberation time and time difference 
fluctuation magnitude respectively. 
 
 
 
Left edge 
Right edge 
Width 
Back edge Front edge 
Depth 
Width 
Depth 
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 Width Depth 
Chi-Square 1.433 .354 
df 1 1 
Asymp. Sig. .230 .552 
Table 6.1: Table of the results of the Kruskal-Wallis non-parametric test for the z-
transformed measurement results of the dimensions of the depicted direct sound scene 
components for all subjects and all time difference fluctuation magnitudes, separated by 
reverberation time. 
 
 Width Depth 
Chi-Square 1.084 1.808 
df 2 2 
Asymp. Sig. .582 .405 
Table 6.2: Table of the results of the Kruskal-Wallis non-parametric test for the z-
transformed measurement results of the dimensions of the depicted direct sound scene 
components for all subjects and both reverberation times, separated by time difference 
fluctuation magnitude. 
 
It is apparent that the changes in either the reverberation time or the time difference fluctuation 
magnitude caused no statistically significant variations in the dimensions of the depicted direct 
sound scene components. This supports the results of the visual analysis of the density plots. 
 
 Width Depth Left edge Right edge Front edge Back edge 
Chi-Square .890 1.064 .866 .710 .013 1.198 
df 1 1 1 1 1 1 
Asymp. Sig. .346 .302 .352 .399 .910 .274 
Table 6.3: Table of the results of the Kruskal-Wallis non-parametric test for the z-
transformed measurement results of the dimensions of the depicted acoustical environments 
for all subjects and all time difference fluctuation magnitudes, separated by reverberation 
time. 
 
 Width Depth Left edge Right edge Front edge Back edge 
Chi-Square 21.931 9.582 21.191 23.154 9.195 1.945 
df 2 2 2 2 2 2 
Asymp. Sig. .000 .008 .000 .000 .010 .378 
Table 6.4: Table of the results of the Kruskal-Wallis non-parametric test for the z-
transformed measurement results of the dimensions of the depicted acoustical environments 
for all subjects and both reverberation times, separated by time difference fluctuation 
magnitude. 
 
It is apparent that changing the reverberation time of the stimuli caused no statistically significant 
variations in the measured width, depth or position of the depicted acoustical environments. This 
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indicates that the differences in the depictions of the stimuli that were observed in the raw density 
plots were not consistent for all the stimuli or all the subjects.  
 
For the different fluctuation magnitudes, it is apparent that a variation in the time difference 
fluctuation magnitude caused a statistically significant change in the measured width and depth of 
the depicted acoustical environment. In addition, a variation in the time difference fluctuation 
magnitude caused a statistically significant change in the position of the front edge of the depicted 
acoustical environment. These are indicated in Table 6.4 in bold text. From the information that 
was gained from a visual analysis of the density plots, it can be seen that an increase in the 
magnitude of the fluctuations caused the width and depth of the depicted acoustical environment to 
increase.  
 
The verbal responses from this part of the experiment were also examined. Most of these 
mentioned that each stimulus was some form of burst or gunshot with a reverberant decay. The 
majority of the subjects also mentioned the length of the reverberation time, though in most cases 
this was overestimated by a factor of approximately two. Some of the subjects also mentioned that 
the reverberance was enveloping. As discussed in Chapter 5, the definition of this term is 
“surrounding completely” [Oxford Dictionary of English 1998: 617], however only one subject 
depicted the scene to be completely surrounding. This provides further evidence that the subjects 
were using the term to indicate that a stimulus was relatively surrounding compared to other 
stimuli. 
6.3.3 Summary 
 
This part of the experiment was an absolute descriptor exercise that made use of graphical sketch-
map responses with the support of absolute verbal descriptors. The graphical data was analysed 
visually by the use of density plots and statistically by measuring the dimensions of the depicted 
scenes. 
 
There were three predominant results from this part of the experiment. The first result was that the 
variations in the duration of the reverberant decay and the magnitude of the fluctuations in inter-
loudspeaker time difference caused no consistent changes in the depicted direct sound scene 
components. The second result was that an increase in the time difference fluctuation magnitude 
caused the width and depth of the depicted acoustical environment to increase. The third result was 
that the variation in the reverberation time of the stimuli did not result in any changes in the 
dimensions of the depicted acoustical environments.  
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6.4 Experiment part 2 – elicitation of relative descriptors 
6.4.1 Method 
 
The method that was employed for the relative elicitation task was also identical to that used 
which was in the previous experiment. The method is summarised here, but the reader is referred 
to the description in Chapter 5 for further details.  
 
The relative elicitation section involved a verbal method that was based on the Repertory Grid 
technique. All the stimuli were presented to the subjects in pairs and they were asked to respond 
with pairs of terms that described the differences between the two stimuli in a form that would fit 
the sentences ‘A is _______ compared to B’ and ‘B is _______ compared to A’. The subjects were 
specifically asked to give both of these terms (i.e. both antonyms) for each perceived attribute, as 
this would help to differentiate between two slightly different concepts that share a common term.  
 
The subjects were not limited in what they could write, and were not specifically asked to give 
spatial attributes. They were again prompted with a strategy of initially considering the whole 
stimulus, and then concentrating on any scene components or acoustical environment that they 
perceived.  
 
The stimuli were presented to the subjects in pairs, with a different random order for each subject. 
All of the 6 stimuli were compared with each other, resulting in 30 pairs in total. The subjects were 
free to switch between each stimulus in the presented pair at any point and as often as they 
required, and they could choose when to move onto the next pair of stimuli. 
 
The subjects in this part of the experiment were the same seven expert listeners that had completed 
the previous section of the experiment. The experiment took an average of approximately thirty 
minutes, and the subjects were encouraged to take a break whenever they needed. 
6.4.2 Analysis of the results 
 
The resulting data from the relative elicitation exercise was pairs of words that described the 
differences between the stimuli. By removing the relative adjectives such as ‘more’ or ‘less’, these 
were converted to a form that could be used as end points of scales. These were then analysed 
using content analysis, as discussed in Chapter 3. To do this, the elicited terms were grouped into 
collections of terms with similar meaning and then the number of pairs in each category was 
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counted. This categorisation was carried out by the author based on an interpretation of the 
intended meaning of the pairs of descriptors.  
 
As discussed in Chapter 3, the number of occurrences of terms in each category is indicative of the 
prominence of the underlying subjective effect. Therefore the results of the content analysis, 
shown in Figure 6.15, are an indication of the perceptual importance of the underlying subjective 
attribute or attributes that are related to each category for the stimuli and subjects that were used in 
the experiment. 
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Figure 6.15: Plot of the number of occurrences of word pairs in each category that were 
elicited from all paired comparisons. 
 
It is apparent that the category of terms with the largest number of occurrences in this case related 
to width, spaciousness or envelopment. It may be argued that this grouping includes three different 
attributes, however, they were used similarly by the subjects and were also occasionally used 
interchangeably in the pairs of antonyms, such as ‘narrow – spacious’ and ‘mono – enveloping’. 
The definition of the term ‘spacious’ (“(especially of a room or building) having ample space” 
[Oxford Dictionary of English 1998: 1782]) may be considered to be similar to the perception of a 
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wide reverberation and therefore a wide or spacious room. The term envelopment is perhaps less 
similar, as it implies that the subject was surrounded by the sound and yet only one subject 
depicted the scene as surrounding in the graphical elicitation as mentioned in Section 6.3. It may 
be that the term was used to indicate that one stimulus surrounded the subject more than another 
stimulus, but that it may not have been completely surrounding or enveloping, as discussed in 
Chapter 5. If the term was used in this manner, then it is similar to the increasing width of the 
scene that was described by the other terms. 
 
It appeared from the above that these terms could have been used by the subjects to describe one 
underlying spatial attribute, with no discrimination between the meanings of each term. If this is 
assumed, then it can be seen that the underlying subjective attribute that was referred to by these 
terms was most prominent in the stimuli, as they were elicited most often by a large margin. 
 
The group of terms with the next largest number of occurrences related to the duration of the 
reverberation. This was expected, as the duration of the reverberant decay was one of the 
independent variables. However, the category of terms with the fourth largest number of 
occurrences may also be related to the reverberation time or may be a separate attribute. It was 
difficult to determine whether the terms in this category related to the level or the duration of the 
reverberation, as it included terms such as ‘less reverberant – more reverberant and ‘dryer – 
wetter’ that could be used to describe either. It is for this reason that these terms were counted as a 
separate group.  
  
The third largest category included terms that were related to the position of the perceived sound 
components. These included descriptors of distance, externalisation and front / side differentiation.  
 
The group labelled ‘others’ is a category of all the terms that were mentioned on a small number of 
occasions. This included descriptors that related to the naturalness, phasiness, motion, position 
dependency, warmth and loudness of the stimuli, as well as others that were only mentioned once 
or twice. 
 
The content analysis that was shown above could be further separated by the two independent 
variables of reverberation time and time difference fluctuation magnitude. This was achieved by 
examining the terms that were elicited for the pairs of stimuli that contained differences in only 
one of the independent variables.  
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Figure 6.16 shows the results for the pairs of stimuli where there was solely a difference in the 
duration of the reverberant decay of the stimuli, categorised in the same manner as the content 
analysis of the data from all the paired comparisons that was shown above.  
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Figure 6.16: Plot of the number of occurrences of word pairs in each category that were 
elicited from comparing different reverberation durations with the same inter-loudspeaker 
time difference fluctuation magnitude. 
 
The category of terms in Figure 6.16 with the largest number of occurrences by a large margin 
related to differences in the perceived reverberation time of the stimuli. As this included the paired 
comparisons of stimuli that differed solely in terms of the duration of the reverberant decay, this 
indicates that the method of elicitation and analysis provides reasonable results. The individual 
words that made up each category of terms were broadly similar to those that were described in the 
content analysis for all the paired comparison elicitation data. In other words, there did not appear 
to be any specific terms that were applied to the differences in the stimuli with different durations 
of reverberation that were not applied to the differences between the other stimuli and vice versa. 
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Therefore it is apparent that changing the reverberation duration of the stimuli resulted in a 
perceived difference in the reverberation time, and that this did not cause a large variation in the 
perceived width or position of the perceived scene. 
 
Figure 6.17 shows the results for the pairs of stimuli where there was solely a difference in the 
time difference fluctuation magnitude, categorised in the same manner as the content analysis of 
the data from all the paired comparisons that was shown above. 
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Figure 6.17: Plot of the number of occurrences of word pairs in each category that were 
elicited from comparing different inter-loudspeaker time difference fluctuation magnitude 
with the same reverberation duration. 
 
It is apparent that the category of terms with the largest number of occurrences in this case related 
to width, spaciousness or envelopment. This indicates that this was the most perceivable difference 
by a large amount between the stimuli that differed solely in terms of the time difference 
fluctuation magnitude. Again, the individual words that made up each category of terms were 
broadly similar to those that were described in the content analysis for all the paired comparison 
elicitation data. In other words, there did not appear to be any specific terms that were applied to 
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the differences between the levels of time difference fluctuation magnitude that were not applied 
to the differences between the other stimuli and vice versa. 
 
Therefore it appears that changing the time difference fluctuation magnitude for these stimuli 
predominantly resulted in a subjective difference in the perceived width, spaciousness or 
envelopment of the scene. 
 
It is interesting to note that, whilst there are very few descriptors in the categories of reverberation 
time, terms in this category were still elicited, even though there were no differences in the 
duration of the reverberant decay of the stimuli in these comparisons. As discussed in the previous 
chapter, the similarity of the terms that were elicited for all the paired comparisons may be due to 
the interaction of the two independent variables in the same experiment. For instance, a large 
difference in a particular subjective attribute between a pair of stimuli may lead the subject to 
consider that attribute again for the subsequent pair of stimuli. This means that a small difference 
would be noticed by the subject and would be highlighted in the results that may otherwise have 
been overlooked.  
 
Therefore the terms that were elicited for the two independent variables in the paired comparison 
may have been more similar than if each independent variable was investigated separately. 
However, there were still large differences between the number of terms in each category for the 
two independent variables, as shown in Figure 6.16 and Figure 6.17, and therefore conclusions 
could still be drawn. 
 
It is also interesting to note that even though the subjects described a difference in width between a 
number of the stimuli, they did not specify whether this was the width of the whole scene, the 
width of all components of the scene, or the width of a particular component of the scene. It could 
possibly be interpreted from the term ‘spaciousness’ that the change in width was related to the 
perception of an acoustical environment. However, this could not be determined conclusively from 
these results. It may be that this occurred due to the manner in which the questions were posed to 
the subjects. They were asked to give words or short phrases to complete the sentences ‘A is 
_______ compared to B’ and ‘B is _______ compared to A’. Rephrasing these sentences to 
include a variable in which the relevant scene component could be specified would have 
encouraged the elicitation of this additional information and therefore would have provided a more 
complete description of the differences between the stimuli. However, in this experiment, the 
results from the graphical elicitation indicate that it was the perceived acoustical environment of 
the stimuli whose spatial attributes were altered. 
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6.4.3 Summary 
 
This part of the experiment was a relative descriptor elicitation exercise where the stimuli were 
presented in pairs and the subjects were asked to describe the differences between them. The 
results were analysed using content analysis, in which the pairs of elicited words were assigned to 
categories based on the interpreted meaning. 
 
The results of this part of the experiment indicated that the most prominent difference that was 
perceived between the stimuli was related to the width, spaciousness or envelopment, though there 
was no indication of what components of the scene were different. The data were analysed further 
by separating the differences that were caused individually by the two independent variables. The 
principal subjective attribute that was altered by a change in the duration of the reverberant decay 
of the stimuli was the perceived reverberation time, as may have been expected. This indicated that 
the analysis technique was providing reasonable results. The predominant subjective attribute that 
was altered by the change in time difference fluctuation magnitude was the perceived width, 
spaciousness or envelopment. 
 
6.5 Discussion 
 
As discussed in the previous chapter, the use of more than one elicitation technique for the 
experiment was useful for obtaining a wider range of data than would have been available from 
just one of the techniques. The relative descriptor experiment was useful for eliciting small 
differences between the stimuli, and the absolute descriptor experiment provided more accurate 
data on the perceived positions of the scene components, in addition to an indication of the 
perceptual characteristics that were common to all the stimuli. 
 
Despite the differences between the elicitation techniques, there were a large number of 
similarities in the results from the two sections of the experiment. For instance, the primary 
outcome from both the absolute and relative descriptor exercises was that the perceived width of 
the scene increased when the magnitude of the time difference fluctuations that were contained 
within the stimuli was increased.  
 
However, there were also some interesting differences between the results. Firstly, it was 
impossible for the subjects to depict a difference in the duration of the decay by using the 
graphical elicitation method. Verbal descriptors were needed to communicate this attribute. 
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Secondly, as for the previous experiment, there was no mention of a change in the depth of the 
scene in the relative verbal descriptors, and yet it appeared to change significantly in the graphical 
elicitation results. This was discussed in the previous chapter as being due to the scene 
components wrapping around the side of the subject with increasing width. This discrepancy 
between the results of the two sections of the experiment may be due to the subjects not 
differentiating between the individual dimensions of the scene in the graphical sketch-map 
elicitation exercise. In other words, it may be that they perceived a stimulus to be wide but could 
not perceive the depth. In this case, they may have assumed that because the stimulus was wide, it 
would also be deep, and they depicted this assumption. When they were asked to describe the 
differences between the stimuli, as they could not perceive a difference in the depth of the stimuli, 
it was not mentioned.  
 
Finally, the relative descriptors indicated that the most prominent difference between the stimuli 
was width. However, as discussed above, there was no indication of what component of the scene 
changed, and the results from the absolute descriptor section of the experiment were required to 
confirm that it was the perceived acoustical environment whose dimensions were altered. 
 
The results of the experiment that was described in this chapter were also compared with those of 
the previous experiments that were described in Chapter 4 and Chapter 5. The initial experiment, 
described in Chapter 4, employed continuous noise signals that contained fluctuations in interaural 
time difference that were reproduced over headphones. The results of this experiment showed that 
an increase in the magnitude of the fluctuations resulted in an increase in the width, depth and 
height of the perceived scene components. The second experiment, described in Chapter 5, 
involved similar continuous noise signals that contained fluctuations in interaural time difference, 
but in this case they were reproduced over loudspeakers. The results of this experiment showed 
that an increase in the magnitude of the fluctuations resulted in an increase in the width of the 
perceived scene components. The experiment that was described in this chapter used decaying 
noise signals that contained fluctuations in interaural time difference that were reproduced over 
loudspeakers. The results of this experiment showed a similar increase in the width of the 
perceived scene components with increasing fluctuation magnitude. However, in this case it was 
the dimensions of the acoustical environment that changed, as opposed to the dimensions of the 
direct sound scene components that were perceived to change in the previous experiments. 
 
The results of the previous experiments that were described in Chapter 4 and Chapter 5 were also 
compared with equivalent experiments that elicited the subjective effect of mixed noise stimuli 
that contained a range of values of interaural cross-correlation coefficient. Such a comparison was 
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not possible for the experiment that was described in this chapter, as there was no directly 
comparable experiment that had investigated the subjective effect of the interaural cross-
correlation coefficient of decaying mixed noise stimuli. However, the results of the research into 
the subjective effect of the interaural cross-correlation of reverberation in concert hall acoustics 
could be compared with the results of the experiment that was described in this chapter. 
 
It is apparent from the research that was outlined in Chapter 1 that a variation in the interaural 
cross-correlation coefficient of a signal that was perceived to be reverberation would result in a 
change in a perceived attribute that was described as the ‘diffusivity’ or ‘envelopment’ of the 
reverberation. However, it must be noted that a consensus has not yet been reached on a single 
descriptor for this attribute. The attribute that was described as ‘diffusivity’ or ‘envelopment’ 
appears to be in contrast to the results of the experiment that was described in this chapter, which 
indicated that the subjective attribute that was altered by the variation in the magnitude of the time 
difference fluctuations was the perceived width of the acoustical environment. It may be that the 
envelopment that was described in previous research is a similar attribute to width, as discussed in 
Section 6.4. If this is the case, then this gives further indication that variations in the fluctuations in 
interaural time difference and the interaural cross-correlation coefficient result in the same 
perceived effect, and possibly through the use of the same perceptual process. On the other hand, 
the ‘diffusivity’ or ‘envelopment’ that was described in previous research could refer to a different 
underlying subjective attribute. However, it must be noted that the subjective effect of solely 
varying the interaural cross-correlation of a signal that is perceived to be reverberation has not yet 
been elicited by the use of controlled experiments.  
 
Based on this, if it is assumed that the interaural cross-correlation and the fluctuations in interaural 
time difference are perceived similarly, then it may be that the width of the acoustical environment 
is a more accurate descriptor for the subjective effect that is changed by altering the interaural 
cross-correlation of a signal that is perceived to be reverberation. It is well established that the 
interaural cross-correlation of a signal that is perceived to be a direct sound scene component is 
related to the perceived source width, and this was also found in the results of the experiments that 
were described in Chapter 4 and Chapter 5. Therefore it is a logical progression that if these 
physical cues were contained within an audio signal that was perceived to be reverberation, then it 
would again be width that was affected, though in this case it would be the width of the perceived 
acoustical environment. Further work, in the form of a controlled experiment that investigates the 
subjective effect of signals that are perceived to be reverberation that vary solely in terms of the 
interaural cross-correlation coefficient, is needed to confirm this. However, the salience of this 
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descriptor can also be evaluated by using it as a grading scale in an experiment that contains 
stimuli that differ in terms of the interaural cross-correlation. 
 
This experiment was not externally valid, in the same way as Chapter 4 and Chapter 5, due to the 
fact that the experimental method required extraneous variables to be controlled as much as 
possible. This meant that the stimuli did not contain the range of auditory cues that would be 
typical in an acoustical environment. In view of this, it is not possible to ascertain from this 
experiment how the investigated parameters of the reverberation time and the magnitude of the 
fluctuations in interaural time difference interact with the other parameters that are perceivable 
within acoustical environments.  
 
One example of this is that in the experiment that was described in this chapter, the variation in the 
duration of the reverberant decay did not cause a consistent change in the spatial attributes of the 
scene components that depicted either a direct sound or an acoustical environment. This is contrary 
to the expected situation, in which a longer reverberation time is generally associated with a larger 
acoustical environment [Begault 1994]. In concert hall acoustics, varying the size of an acoustical 
environment does not only alter the reverberation time, but also alters the initial time delay gap 
(the length of time it takes for the first reflection to reach the receiver after the arrival of the direct 
sound), and the characteristics of the reflection pattern [Beranek 1996]. In the experiment that was 
described in this chapter, there was no pattern of reflections in the decay, and it was purely the 
duration of the decaying noise stimulus that was altered. As the reflection pattern may also be an 
important cue that affects the size of the acoustical environment, this may explain why there was 
no variation in the depicted size of the acoustical environment for the stimuli that were used in this 
experiment that had different lengths of reverberant decay. 
 
However, the differing reflection pattern that is caused by increasing the width of an acoustical 
environment does affect the resulting interaural cross-correlation coefficient of the reverberation. 
The author simulated a simple shoe-box room in CATT-Acoustic, and made measurements of the 
interaural cross-correlation coefficient of the reverberation for a number of different widths of 
room. The room was based on the dimensions and reverberation time of the Vienna Grosser 
Musikvereinssaal, and was 43 metres long, 18 metres tall and 20 metres wide, with a reverberation 
time of approximately 2 seconds. Solely the width of the room was then altered, to 10 metres and 
40 metres, though this also varied the reverberation time, as the absorption coefficient of the room 
boundaries was held constant. The results of the interaural cross-correlation measurements for 
each room size are shown in Table 6.5. 
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Audio Width of acoustical environment (m) 
frequency 10 20 40 
63 0.97 0.96 0.79 
125 0.92 0.87 0.83 
250 0.85 0.76 0.58 
500 0.59 0.25 0.20 
1000 0.26 0.26 0.18 
2000 0.32 0.28 0.20 
Average 0.65 0.56 0.46 
Table 6.5: Table of the interaural cross-correlation coefficient measurements that were made 
in six octave bands for three simple shoe-box rooms of which the width was varied.  
 
The results that are contained in Table 6.5 show that an increase in the width of this acoustical 
environment resulted in a decrease in the measured interaural cross-correlation coefficient, which 
is consistent with the results of the experiment that was described in this chapter. Bradley also 
found this when comparing the mean width of a number of concert halls with the mean measured 
interaural cross-correlation in each hall [Bradley 1983]. However, it is in contrast with the concert 
hall measurement data that was summarised by Beranek [Beranek 1996], of which the correlation 
between the measured interaural cross-correlation and width of each hall is 0.2626. This may be 
due to the fact that the measurements that were summarised by Beranek were of halls that differed 
in a large number of physical attributes in addition to width, meaning that other factors could have 
affected the results. 
 
Therefore these results support the findings of the experiment that was described in this chapter, in 
that the interaural cross-correlation or the fluctuations in interaural time difference that are 
contained within a signal that is perceived to be reverberation have an affect on the perceived 
width of the acoustical environment. 
 
6.6 Summary 
 
This chapter summarised the experiment that was undertaken to investigate the subjective spatial 
effect of decaying noise stimuli that contained fluctuations in interaural time difference that were 
delivered over loudspeakers.  
 
The stimuli that were used in the experiment consisted of a noise burst and decaying mono noise 
that were presented from a loudspeaker that was positioned directly in front of the subject, together 
                                                          
26 As calculated by the author from the data that was contained in Appendix 4 in [Beranek 1996]. 
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with a two-channel decaying noise signal that contained pre-determined fluctuations in inter-
loudspeaker time difference that was reproduced over loudspeakers positioned at ±90º. These 
stimuli were chosen to imitate a noise burst in a reverberant space with controlled time difference 
fluctuations that were contained within the reverberant decay. There were six stimuli, made up of 
two durations of reverberant decay, each with three levels of time difference fluctuation 
magnitude. 
 
The subjective spatial effect that was created by the stimuli was judged by seven expert subjects, 
using a combination of verbal and non-verbal elicitation methods. The first section of the 
experiment included a sketch-map elicitation method that was supported by an absolute verbal 
elicitation method. The sketch-map depictions were analysed by the use of visual examination of 
the raw response sheets and density plots, together with statistical analysis of the results of 
measurement metrics. The verbal responses were examined to give further indication of the 
properties of the stimuli. The second section of the experiment involved a relative verbal 
descriptor exercise, where the stimuli were presented in pairs and the subjects were asked to 
describe the perceived differences. The results of this elicitation were analysed using content 
analysis. 
 
As for the previous experiment, there were some differences between the results that were 
obtained from the range of elicitation methods used. This included the fact that the graphical 
results contained no indication of the duration of the reverberant decay due to the difficulty of 
depicting this, as well as the fact that the relative verbal descriptors did not reveal what aspects of 
the auditory scene were varied by the changes in the stimuli. In addition, a variation in depth was 
depicted in the graphical results, though this was not mentioned in the relative verbal experiment. 
Nonetheless, the most prominent results from this experiment were apparent from the results of all 
the elicitation techniques that were used. Firstly, it appeared that an increase in the magnitude of 
the fluctuations in interaural time difference resulted in an increase in the width of the perceived 
acoustical environment, with no change in the spatial attributes of the perceived direct sound scene 
components. Secondly, it appeared that changing the duration of the decay of the stimulus resulted 
in a perceived change in the reverberation time, as was expected. However, changing the duration 
of the decay did not significantly change the depicted size or position of the components of the 
perceived auditory scenes. 
 
The results of this experiment were compared with the results of the previous two experiments 
where the subjective effect of continuous noise stimuli that contained fluctuations in interaural 
time difference were elicited. This comparison showed that the results were similar, in that it was 
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the width of the scene components that was perceived to be altered in all three experiments. 
However, it was the width of the perceived acoustical environment that was affected in this 
experiment, as opposed to the width of the perceived direct sound scene components that was 
affected in the previous experiments.  
 
The results of this experiment were also compared with research into the perceived effect of the 
interaural cross-correlation coefficient of reverberation. This showed that the subjective effect that 
is caused by altering the interaural cross-correlation of reverberation has not yet been researched in 
detail, and that the width of the acoustical environment may be a more accurate descriptor for the 
perceived spatial attribute that is changed. Finally, the external validity of the experiment was 
considered, including the relationship between the size of an acoustical environment and the 
reverberation time. In addition, an evaluation was made of the effect that altering the width of an 
acoustical environment has on the resulting interaural cross-correlation coefficient. The results 
supported the outcome of the experiment, in that the interaural cross-correlation and the size of the 
acoustical environment were inversely related. 
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7 Discussion of the results of the elicitation experiments 
 
 
The preceding three chapters contained descriptions of the controlled subjective experiments that 
were conducted to elicit the subjective effect of fluctuations in interaural time difference that were 
contained within a range of signal types. This chapter summarises the relevant results of these 
experiments, and discusses the implications of these. The similarity of the fluctuations in interaural 
time and level difference and the interaural cross-correlation coefficient are discussed further, and 
the limitations of the subjective experiments are considered. The application of this research to the 
further development of objective measurements is then evaluated. As the elicitation technique that 
was used in the experiments was a novel combination of verbal and non-verbal methods, the value 
of the technique is also considered. Finally, an experiment is proposed to further evaluate the 
findings of the research that is discussed in this chapter. 
 
7.1 Summary of the results of the elicitation experiments 
 
From the research that was outlined in Chapter 2, it was apparent that fluctuations in interaural 
time or level difference may contribute to the perceived spatial attributes of auditory stimuli, and 
that a measurement that is based on quantifying certain attributes of these fluctuations may relate 
to the perceived spatial effect. However, it was found that the subjective effect that is created by 
these fluctuations had not yet been elicited in detail, and that this information was required before 
further work on developing these objective measurements could be conducted. In addition, the 
analysis that was described in Chapter 2 indicated that the fluctuations that are contained within 
signals that are perceived to be either a sound source or reverberation may be perceived 
differently, and therefore it was important to investigate this. It was also questioned whether the 
fluctuations in interaural time or level difference were perceived directly, or whether they were 
perceived due to the effect that they have on the interaural cross-correlation coefficient. It was 
considered that an elicitation of the subjective effect of the fluctuations may also provide 
information about this. 
 
It was shown in Chapter 3 that fluctuations in interaural time and level difference could be created 
by frequency or amplitude modulated noise signals respectively, with reasonable independence. 
Whilst it would have been preferable to elicit the subjective effect of fluctuations in interaural time 
and level difference independently, it was apparent that this would not be possible within the 
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timescale available. In view of this, it was decided to initially examine the subjective effect of 
fluctuations in interaural time difference, as this had been related specifically to the perception of 
reproduced sound.  
 
For this reason, a number of experiments were conducted to investigate the subjective effect of 
fluctuations in interaural time difference that were contained within different types of audio 
signals. The main results of these experiments are summarised below.  
7.1.1 Experiment 1 
 
The first experiment investigated the subjective effect of controlled fluctuations in interaural time 
difference that were contained within continuous noise signals that were reproduced to the subjects 
over headphones. This initial experiment was focused on eliciting the effect of the fluctuations in 
interaural time difference for a basic type of signal as accurately as possible, in order to establish a 
base of understanding for further experiments. The reproduction of the signals over headphones 
meant that the signals that reached the ears could be controlled as accurately as possible.   
 
The results of this experiment showed that, for the stimuli that contained fluctuations of a 
frequency of 100 Hz, no movement was perceived. For these stimuli, an increase in the magnitude 
of the fluctuations resulted in the scene components being depicted as larger in all three 
dimensions. 
 
The use of headphone reproduction for this experiment meant that the external validity was 
limited. As expected, a majority of the scene components were depicted as being located either 
completely or partially within the head. This is unlike natural listening and sound reproduction 
using loudspeakers, where scene components are generally perceived to be outside the head. 
Therefore, in order to widen the scope of the experiment, the subjective effect of fluctuations with 
scene components that were located outside the head needed to be investigated. 
7.1.2 Experiment 2 
 
To generate scene components that were located outside the head, an experiment was carried out 
using similar continuous noise stimuli that contained pre-determined time difference fluctuations. 
However, in this case they were presented over loudspeakers. Whilst the time difference 
fluctuations that were created in this case were inter-loudspeaker and not interaural, they did result 
in interaural time difference fluctuations at the listening position. Measurements of the resulting 
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signals at the listening position showed that fluctuations in interaural time difference were created, 
and that they varied in magnitude in the same manner as the stimuli. 
 
The predominant result from the experiment was that an increase in the magnitude of the 
fluctuations in interaural time difference caused an increase in the perceived width of the scene 
components.  
 
For this experiment and the previous experiment, there was no mention of the perception of an 
acoustical environment, which implied that it was the spatial attributes of the perceived direct 
sound scene components that were altered by the different fluctuation magnitudes. As the research 
that was contained in Chapter 2 indicated that the fluctuations that were contained within signals 
that were solely reverberation may create a different perceived effect, this needed to be 
investigated.  
7.1.3 Experiment 3 
 
In order to create a signal that contained pre-determined fluctuations in interaural time difference 
that would be perceived as reverberation, the continuous noise signals that had been used in the 
previous experiment were modified with a decaying amplitude envelope. These were reproduced 
over loudspeakers that were positioned at ±90º from the median plane, together with an initial 
noise burst and a monophonic decaying noise signal that were reproduced from a loudspeaker that 
was positioned directly in front of the subject. This resulted in an initial impulse followed by a 
decay, similar to an impulse that was sounded in a reverberant room.  
 
The graphical elicitation exercise that was conducted indicated that an increase in the magnitude of 
the fluctuations in interaural time difference caused an increase in the depicted width and depth of 
the acoustical environment, though with no variation in the depicted direct sound scene 
components. 
 
The results of the relative verbal elicitation exercise supported the findings of the graphical 
elicitation, though there was an important difference. In the relative elicitation exercise, there was 
no mention of a variation in the depth of the stimuli, though this differed significantly in the 
graphical elicitation exercise. This indicated that the depicted variation in the depth may have been 
due to a combination of the measurement technique used and the subjects not differentiating 
between the dimensions of the depictions. In view of this, it was concluded that the predominant 
variation was in terms of the width of the depicted acoustical environment. 
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7.1.4 Discussion 
 
The common result from the second and third subjective experiments was that an alteration in the 
magnitude of the fluctuations in interaural time difference caused a change in the perceived width 
of an aspect of the scene. The results from the first experiment were slightly different, as these 
showed that a variation in the magnitude of the fluctuations caused a change in the size of the 
depicted scene components in all three dimensions. However, it may have been that the subjects 
were not differentiating between the different dimensions of the scene, as was found to be the case 
in the graphical elicitation section of the third experiment. In addition to this, width was 
specifically mentioned in the verbal elicitation section of the first experiment, whereas height and 
depth were not. In view of this, it is likely that the predominant variation in the results of the first 
experiment that was caused by altering the magnitude of the fluctuations was related to the 
perceived width.  
 
It is apparent from the results of the three subjective experiments that are summarised above that 
increasing the magnitude of the fluctuations in interaural time difference predominantly caused an 
increase in the perceived width of a certain attribute of a scene, depending on the nature of the 
signal. For the continuous stimuli that contained fluctuations in interaural time difference, 
increasing the magnitude of the fluctuations resulted in an increase in the width of the perceived 
direct sound scene components. For the decaying stimuli that contained fluctuations in interaural 
time difference, increasing the magnitude of the fluctuations resulted in an increase in the width of 
the perceived acoustical environment.  
 
In order to develop measurements that relate to the perceived spatial attributes of sound, these 
results can be evaluated in view of the research that was discussed in Chapter 1 and Chapter 2. In 
addition, the two predominant spatial attributes that were elicited can be employed as descriptors 
for judgement scales in further experiments to examine the salience of objective measurement 
techniques or to evaluate the spatial attributes of various auditory stimuli. 
 
7.2 Relationship between the fluctuations in interaural time difference and 
the interaural cross-correlation coefficient 
 
The experiments that were summarised above also attempted to investigate whether the 
fluctuations in interaural time difference are perceived directly, or whether they are perceived due 
to the fact that they affect the interaural cross-correlation coefficient. This investigation was 
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undertaken by comparing the results of the experiments that were described in Chapter 4 and 
Chapter 5 with comparable experiments that had investigated the subjective spatial effect of mixed 
noise signals that contained various levels of interaural cross-correlation coefficient. The mixed 
noise signals that were used in the previous experiments and the frequency modulated signals that 
were used in the experiments that were described above contained similar interaural cross-
correlation coefficients, though the characteristics of the fluctuations in interaural time difference 
differed. Therefore, if the subjective spatial effect of the mixed noise and frequency modulated 
noise stimuli was different, then this would indicate that the fine structure of the fluctuations in 
interaural time difference can be perceived. On the other hand, if the subjective spatial effect of the 
mixed noise and frequency modulated noise stimuli was similar, then this would indicate that the 
relevant spatial attributes of the two types of stimuli are perceived by the use of the same 
perceptual process. Whether this process is similar to the interaural cross-correlation coefficient, or 
whether it is based on detecting the fluctuations in interaural time difference, will not be clear from 
these experiments. However, indication of the perceptual process that is involved could be 
obtained from a further experiment that evaluates the success of the objective measurements that 
are based on these two processes at predicting the perceived subjective effect of more externally 
valid programme material.  
 
The results of the elicitation experiments that are summarised above indicated that the subjective 
effect of the frequency modulated noise stimuli was similar to the subjective effect of the mixed 
noise stimuli that were employed in previous experiments, as discussed in Chapter 4 and Chapter 
5. This means that it is likely that the spatial attributes of the mixed noise and frequency 
modulated noise stimuli are perceived by the use of the same perceptual process. The results of the 
experiment that was described in Chapter 6 were also compared with previous research into the 
perceived effect of reverberation, though in this case there was no directly comparable experiment. 
It was found that the subjective effect that is caused by different levels of interaural cross-
correlation of reverberation had not been specified as accurately as the relationship between the 
interaural cross-correlation of direct sound scene components and the perceived source width. In 
view of this, the author proposed that ‘the perceived width of the acoustical environment’ may be a 
more accurate descriptor of the subjective attribute that is altered by varying the interaural cross-
correlation of reverberation than the previously used terms such as ‘diffusivity’ or ‘envelopment’. 
However, further research is required to confirm this. 
 
The fact that the frequency modulated and mixed noise stimuli were perceived similarly means 
that the fluctuations in interaural time difference are an important contributor to the perceived 
spatial effect of auditory stimuli, regardless of whether the perceptual process is based on detecting 
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the fluctuations or the cross-correlation. This is due to the fact that the magnitude of the 
fluctuations in interaural time difference affects the resulting interaural cross-correlation 
coefficient. This must be taken into account when considering appropriate measurement 
techniques for evaluating the spatial attributes of concert hall acoustics and sound reproduction.  
 
7.3 Limitations of the experiments 
 
In the discussion sections of the experiments that were described in the previous chapters, it was 
noted that the stimuli were not externally valid. These stimuli were used in order to elicit the 
subjective effect of the variations in the objective parameters as accurately as possible. However, 
this means that it may not be possible to directly apply the results of these experiments to objective 
measurements of typical programme material, unless the differences that are likely to arise are 
considered.  
 
Firstly, the stimuli that were used in these experiments contained only sinusoidal fluctuations in 
interaural time difference, of which the fluctuations were in phase over the whole of the frequency 
range of the stimuli. This is dissimilar to the fluctuations that are created by a sound source in an 
acoustical environment, as was demonstrated by the simulations in Chapter 2. The fact that the 
fluctuations were sinusoidal and varied coherently across the whole frequency range may have 
caused a difference in the lowest fluctuation frequency that was perceived as movement. It is 
likely that a more erratic variation in the interaural time difference, with properties that differ 
across the audio frequencies that are present, will be more difficult for the perceptual system to 
track as movement. However, the author considers that it is likely that, even though the maximum 
frequency of fluctuation for which movement will be perceived may be different, the perceptual 
effect will be similar. 
 
Secondly, the decaying signal that was used in the experiment that was described in Chapter 6 was 
perceived to be the reverberation of an acoustical environment. However, these stimuli were 
significantly different to reverberation in a number of important ways. The most obvious of these 
is that reverberation is made up of a complex reflection pattern, whereas the decaying noise stimuli 
did not contain any reflections of the initial noise burst that was perceived to be a direct sound. 
This means that the physical cues that are related to the characteristics of the reflections were not 
present. It may be that if these cues are present in a stimulus, they may interact with the resulting 
interaural cross-correlation or fluctuations in interaural time difference to create a different 
perceived effect. However, as indicated by the results that were shown in Chapter 6, it is likely that 
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these are factors that determine the resulting interaural cross-correlation or fluctuations in 
interaural time difference, meaning that they are intrinsically related.  
 
Due to the interaction of other variables, it is possible that the other results in these experiments 
may not be directly applied to all situations. The fact that only a small number of physical 
parameters were altered in the experiments is dissimilar to the large number of parameters that will 
be altered by moving between different acoustical environments. It is likely that other factors will 
affect the perceived spatial attributes of auditory stimuli, including the influence of vision and the 
experience and the state of mind of the subject, as discussed in the introductory chapter. However, 
it is not yet feasible to take all of the possible factors into account when attempting to predict the 
perceived subjective effect of a stimulus, and in some cases it is advantageous to be able to 
disregard such other factors in an evaluation. 
 
Finally, the noise signals that were used in the experiments were different to the programme 
material that may be produced in an acoustical environment or through a reproduction system to 
which a measurement based on these objective parameters may be applied. This includes the fact 
that the programme material is mostly tonal and periodic, as opposed to the wide frequency range 
and random temporal nature of the noise. In addition, it is likely that the programme material is 
more complex than the simple noise stimuli, as it contains dynamic changes both within words or 
musical notes, and across phrases of speech or music.  
 
The wide-band frequency range of the noise signals meant that it was not possible to accurately 
observe differences that may arise in different frequency ranges. The research that was discussed 
in Chapter 1 indicated that the subjective effect that is caused by a certain level of interaural cross-
correlation is frequency-dependent. In other words, a lower cross-correlation is required at higher 
audio frequencies to create a certain perceived spatial effect compared to that which is required at 
lower audio frequencies. This will be an important factor in the development of a measurement 
technique, especially if the measurements are used to evaluate the perceived effect of narrow-band 
musical signals. Therefore additional research is needed to investigate this.  
 
The random characteristics of the noise, in contrast to the periodicity of most musical signals, may 
also cause a difference in the perceived result. This means that the noise stimuli were likely to vary 
more over the duration of the stimuli compared to a tonal musical signal that may reach a steady 
state, dependent on the type of signal. Therefore, when applying the measurements, it may be 
appropriate to measure more typical stimuli rather than noise. However, the author considers that it 
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is likely that the subjective effect that is created by the physical parameters of the noise stimuli 
will be similar to that which is created by programme material with similar physical parameters. 
 
The experimental stimuli consisted of only a single noise, whereas programme material may be 
made up of a number of separate musical instruments or other sound sources. It is likely that the 
perceptual mechanisms and subjective effects that were researched in these experiments will be 
relevant in the perception of multiple sound sources. However, the segregation of these separate 
sources into individually perceivable streams, with associated perceived attributes, is a complex 
field of research that is beyond the scope of this thesis. This means that it is likely that any 
resulting objective measurements will only be able to quantify the attributes of a single sound 
source, and that additional research and modelling of the perceptual system will be required before 
the attributes of multiple simultaneous sources can be quantified. 
 
It is also apparent that the continuous or decaying sounds that were used in these experiments are a 
simplification of the complex temporal changes that are caused by a musical phrase or speech in 
an acoustical environment such as a concert hall. The two types of signal that were employed in 
these experiments were chosen to represent extremes of the range of durations of signals. The 
results that were obtained from these stimuli cannot be applied directly to ascertain how the 
physical parameters of more complex stimuli will be perceived, though it may be possible to 
extrapolate these results. Therefore, whilst this study has provided a useful indication of two 
specific conditions in a simplified manner, further detailed investigation is needed to uncover the 
subjective effect of more complex signals. 
 
The external validity of the descriptors that were elicited in the experiments that are described in 
Section 7.1 can be evaluated in a further subjective experiment. The subjective spatial effect of 
programme material that is more similar to that which would be reproduced in a concert hall or 
over a sound reproduction system can be compared with the measured objective parameters of the 
stimuli. This will enable an examination of whether the relationship between the physical cues and 
the subjective effects that was shown in the controlled subjective experiments is maintained for a 
wider range of signal types. Whilst this will not conclusively prove that the physical parameters 
and the subjective effects are related in all cases, it will provide more externally valid evidence 
than the elicitation experiments alone. 
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7.4 Application of experiment results to objective measurements 
 
Objective measurements of the spatial attributes of the acoustics of concert halls are typically 
applied by quantifying the parameters of an impulse response and separating the source-related 
and environment-related attributes by use of a single time division. It was reasoned in Chapter 1 
and Chapter 2 that this may not be suitable for attempting to predict the perceived parameters of 
musical signals. As an alternative, it was proposed that a method that is based on a perceptual 
grouping of the components of the scene would be more perceptually valid. In order to make a 
measurement in this manner, typical programme material would be reproduced in a concert hall or 
through a sound reproduction system, and the resulting sound field would be captured at the 
listening position. The source-related and environment-related attributes would then be determined 
based on the physical attributes of segments of the sound that are perceived to be a part of either 
the source or the environment.  
 
It is apparent that the results of the experiments that were summarised in Section 7.1 support the 
use of a method based on perceptual grouping. These results showed that the fluctuations in 
interaural time difference affected the components of the scene that they were perceived to be a 
part of. For instance, when the fluctuations were contained within a component of the stimulus that 
was perceived to be a direct sound scene component, altering the magnitude of the fluctuations 
varied the perceived width of that component. On the other hand, when the fluctuations were 
contained within a component of the stimulus that was perceived to be reverberation, altering the 
magnitude of the fluctuations varied the perceived width of the acoustical environment. 
 
In applying these results to an objective measurement, there is the problem of separating the 
physical parameters that are related to the sound source or the acoustical environment. This needs 
to be undertaken in a consistent and meaningful way, in order to allow comparison between 
results, and that ideally can be automated within a measurement. It was suggested in Chapter 1 that 
the simplest method of achieving this would be to quantify the characteristics of exemplary stimuli 
of which the perceived effect is known. This could also be achieved by manually selecting aspects 
of a recording that represent direct sound scene components or acoustical environment scene 
components and quantifying the parameters of these. However, the latter approach may not be as 
consistent, unless precisely the same source signal is used in each case. Therefore it is apparent 
that further research is required to develop a process for separating the source-related and 
environment-related physical cues, so that the task can be automated. 
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It was shown in Chapter 2 that the fluctuations in interaural time and level difference and the 
interaural cross-correlation coefficient are intrinsically linked. In addition to this, the experiments 
that were summarised in Section 7.1 showed that noise stimuli that manipulate the parameters of 
either of these physical cues are perceived similarly, as discussed in Section 7.2. These factors 
imply that it is important to consider the fluctuations in interaural time and level difference when 
developing an appropriate measurement technique for application in evaluating the perceived 
spatial properties of acoustical environments. The research that was shown in Chapter 2 indicated 
that the fluctuations in interaural time and level difference that were created by producing a 
transient signal in a reverberant environment were very different to those that were created by 
producing a more continuous signal. As the interaural cross-correlation coefficient is related to the 
fluctuations that are created, this meant that the measured cross-correlation of the two types of 
signals was also different. This lends further support to the argument that is set out in Chapter 1 
and Chapter 2, that it is not possible to predict the spatial attributes of more continuous programme 
material by quantifying the properties of impulse responses. 
 
7.5 Discussion of the elicitation technique 
 
As the elicitation method that was used in the experiments was a novel combination of verbal and 
non-verbal elicitation techniques, it was interesting to evaluate the success of these techniques. It 
was apparent from the results of the experiments that there were limitations in all the techniques 
that were employed, but that the use of more than one technique enabled more information to be 
elicited, and with greater reliability. 
 
The non-verbal graphical sketch-map technique was the primary method that was used in the 
absolute elicitation section. This technique allowed the communication of the positions and 
dimensions of the scene components with relative accuracy. The results of this were intuitive to 
analyse visually with the use of density plots, as they gave a useful overview of the trends that 
were apparent in the data. Statistical analysis techniques were also used on the graphical data, such 
as measures of the similarity of the responses that made up each density plot, and measurements of 
the dimensions of individual scene components and the overall scene. However, there were 
limitations to the sketch-map elicitation technique. Firstly, it was not possible to depict non-spatial 
attributes such as the duration of the reverberant decay, or evaluative attributes such as 
spaciousness. Secondly, there were limitations in the measurement techniques. For example, the 
increase in the perceived width that caused some of the scene components to wrap around the sides 
of the subjects was interpreted in the measurements as a variation in depth. Thirdly, it was 
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apparent that some of the subjects were not differentiating between the separate dimensions of the 
scene, as was indicated by the variation in depth in the graphical responses that was not mentioned 
in the verbal responses. 
 
The absolute verbal elicitation technique was employed to allow the communication of attributes 
that it was not possible to depict in the graphical elicitation. This did not allow the spatial 
attributes of the stimuli to be communicated as accurately as the graphical elicitation section, and 
did not result in the elicitation of small differences between the stimuli in the same manner as the 
relative verbal elicitation. However, it was useful for eliciting the attributes that could not be 
communicated by the use of the other techniques that were employed, including the attributes that 
were common to all the stimuli that could not be depicted. It was more difficult to draw 
conclusions from the results of this section of the experiment, and the only analysis that was 
employed was an intuitive overview of the attributes that were elicited that were not apparent from 
the results of the graphical sketch-map technique. 
 
The relative verbal elicitation technique was the final method that was used in the experiments. 
This allowed the communication of the differences between the stimuli with greater sensitivity to 
small differences than the other techniques. However, this technique did not enable the spatial 
attributes of the stimuli to be communicated accurately, and did not permit the attributes that were 
common to all the stimuli to be elicited. The resulting data from this section of the experiment 
were analysed by the use of content analysis. This was a useful method for investigating the 
differences between the stimuli that were most perceptually prominent, though the accuracy of this 
analysis relied on interpretation of the intended meaning of the terms by the author.  
 
Therefore it can be seen that each of the elicitation methods that were employed in these 
experiments had relative advantages and disadvantages, but that the use of all of these in a single 
experiment meant that the maximum information could be elicited from the subjects. In addition, 
the fact that the predominant results were apparent from all the elicitation techniques meant that 
there was less chance of misinterpretation. 
 
However, there were a number of limitations to the experimental methodology that was used. 
Firstly, the use of three elicitation techniques meant that the experiment required more time to 
complete. Whilst this was not a problem for these experiments, it may be an issue in situations 
where time is limited. Secondly, there were problems with measuring the dimensions of the 
depicted scenes in a meaningful and perceptually valid way. Further research is required to 
investigate a method for overcoming the limitations that were found in these experiments. Thirdly, 
  
 
7 Discussion of the results of the elicitation experiments 
 Page 235 
it would have been useful to include a variable in the relative verbal elicitation technique in which 
the component of the scene that was perceived to be altered could be specified. In these 
experiments, there was no mention of this, and the fact that it was the direct sound or acoustical 
environment scene components that were changing had to be interpreted from the graphical 
responses. Finally, it may have been useful to use the pairs of antonyms that were elicited in the 
relative verbal elicitation exercise as end points of scales for use in grading the same stimuli. This 
may have provided additional information on the similarity of the terms elicited, and may have 
allowed categorisation of terms with similar meaning based on this. 
 
7.6 Evaluation of the results 
 
The research and experimentation that was described in this thesis so far uncovered a number of 
factors regarding the perceived spatial attributes of auditory stimuli and objective measurements 
that relate to these attributes. The outcome of this can be tested by an experiment that evaluates the 
elicited descriptors and compares the subjective results with objective measurements that have 
been developed from this research. 
 
In order to evaluate the spatial attribute descriptors that have been elicited from the subjects, they 
can be employed as descriptors for subjective judgement scales in an experiment that evaluates the 
spatial attributes of a number of stimuli. Firstly, by questioning the subjects that are used in such 
an experiment, and by relating the results to expected results, it can be investigated whether the 
subjects can relate to the elicited descriptors. Secondly, the error that is apparent in the results can 
also be evaluated as an indication of whether the subjects can make meaningful grades using scales 
that are based on these descriptors. Thirdly, the correlation between the grades that are made on 
the two scales can be calculated to evaluate whether the subjects can discriminate between the 
meaning of the two elicited descriptors. Finally, the use of these descriptors in an experiment that 
employs more externally valid musical and speech signals will give an indication of whether the 
attributes that were elicited by the use of noise signals are relevant to more common programme 
material. 
 
The salience of the objective measurement techniques that have been developed from this research 
can also be examined in such an experiment. This can be achieved by making measurements of the 
experimental stimuli using a range of procedures, and then examining which of the sets of results 
most accurately matches the results of the subjective data. In this way, the novel measurement 
techniques can be compared with the extant methods to give an indication of whether 
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improvements have been made through this research. In addition, the limitations of the 
measurements can also be evaluated. 
 
Evaluation of the objective measurement techniques could also give an indication of the perceptual 
process that is involved in perceiving the spatial attributes of auditory stimuli, as mentioned in 
Section 7.2. If one of the objective measurement techniques is similar to the perceptual process 
that is involved in the subjective judgement, then it is likely that this will predict the results of the 
subjective evaluation more accurately. This can be exploited by making measurements of the 
stimuli using measurement techniques that are based on both the fluctuations in interaural time and 
level difference and the interaural cross-correlation coefficient, and comparing the objective and 
subjective results.   
 
7.7 Summary 
 
This chapter reviewed the subjective experiments that were described in the previous chapters and 
discussed the predominant results of these. It was shown that, when the fluctuations in interaural 
time difference were contained within a signal that was perceived to be a direct sound source 
signal, a variation in the magnitude of the fluctuations caused a change in the perceived source 
width. On the other hand, when the fluctuations were contained within a signal that was perceived 
to be reverberation, a variation in the magnitude of the fluctuations caused a change in the 
perceived width of the acoustical environment.  
 
In Section 7.2, the relationship between the fluctuations in interaural time difference and the 
interaural cross-correlation coefficient was discussed further in view of the results of the subjective 
experiments. It was concluded that the fluctuations and the cross-correlation are strongly related, 
and that the subjective effect that was caused by manipulating the parameters of each was similar. 
It was proposed that the perceptual mechanism that is employed in perceiving the spatial attributes 
of auditory stimuli may be determined by comparing the salience of measurements that are based 
on either the fluctuations or the cross-correlation.  
 
The limitations of the subjective experiments that were conducted were considered in Section 7.3. 
This principally concentrated on the lack of external validity of the stimuli that were used in the 
experiment. The possibility of extrapolating the results of these experiments to musical signals in 
acoustical environments was considered, and it was concluded that it was likely that the subjective 
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spatial effect of the fluctuations would be similar for more conventional programme material. 
However, it was proposed that a further experiment could be conducted to evaluate this. 
 
The task of applying the results of this research and experimentation to objective measurements 
that relate to perceived spatial impression was considered in Section 7.4. It was discussed that the 
results of the subjective experiments support the proposals that were outlined in the earlier 
chapters, in that a measurement of the properties of an impulse response is not appropriate for the 
evaluation of the perceived attributes of musical signals, and that the source-related and 
environment-related aspects of the auditory scene should be divided based on perceptual grouping.  
 
The relative advantages and disadvantages of the elicitation method that was used in the subjective 
experiments were discussed in Section 7.5. From this, it was concluded that it was useful to elicit 
the subjective effect of the stimuli by the use of more than one method where possible. Problems 
that had been encountered in the experiment were also considered, and possible improvements to 
the technique were suggested.  
 
Finally, a further experiment was proposed to evaluate the factors that arose from the research. 
This would allow an assessment of the external validity of the attributes that were elicited in the 
subjective experiments, and enable an evaluation of their value as descriptors for grading scales. It 
would also allow an appraisal of the salience of the objective measurement techniques that were 
developed from this research. In addition, the results may give further indication regarding the 
perceptual process that is used in detecting the spatial properties of auditory stimuli.  
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8 Evaluation of the resulting subjective descriptors and 
objective measurements 
 
 
The research and experimentation that has been described so far in the thesis has resulted in the 
elicitation of a number of descriptors of perceived auditory spatial attributes, and a number of 
novel objective measurement techniques that may relate to these perceived attributes. It was 
proposed in Chapter 7 that these findings could be examined in a subjective experiment where the 
descriptors that had been elicited in the previous subjective experiments were used as judgement 
scales for grading the spatial attributes of a number of items of programme material, after which 
the objective measurements could be compared with the subjective results. 
 
This chapter describes the experiment that was undertaken to evaluate the subjective descriptors 
and the objective measurement techniques that have resulted from the research that is contained in 
this thesis. The aims of the experiment are summarised, and then the stimuli are discussed in 
detail. The experimental method that was used is outlined, and the procedure that was used to 
conduct the experiment is specified. The analysis and results of the subjective judgements are then 
discussed, and conclusions are drawn from these. The objective measurements are then described, 
and the results of these measurements are stated. The objective and subjective results are then 
compared, and conclusions are drawn regarding the success of the different measurement 
techniques that were employed. Finally, the results of the experiment are discussed, where the 
merits of the subjective descriptors are evaluated, and the limitations of the objective 
measurements are considered. 
 
8.1 Aims of the experiment 
 
The first aim of the experiment was to evaluate the descriptors that had been elicited in the 
subjective experiments that were described in Chapter 4 to Chapter 6. By using these descriptors 
as grading scales in an experiment to evaluate the spatial attributes of a number of auditory stimuli, 
it could be ascertained whether the subjects could relate to the terms, whether they found the terms 
meaningful, and whether they could discriminate between the two spatial attributes that the scales 
represented.  
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The second aim of the experiment was to evaluate the developments in the objective measurement 
techniques that resulted from the research and experimentation that is contained in this thesis. By 
comparing the measurements that are based on these results with the extant measurement 
techniques, a judgement could be made on whether the developments resulted in objective 
measurements that matched the subjective judgements more closely.  
 
The third aim of the experiment was to ascertain whether the perceived width of an attribute of the 
scene was still related to the physical parameters of the cross-correlation or the time difference 
fluctuations for stimuli that were more externally valid than the noise signals that were used in the 
elicitation experiments.  
 
The final aim of the experiment was to gain an indication of the perceptual mechanism that is 
employed in detecting the spatial attributes of auditory stimuli. It is likely that the measurement 
technique that is closest to the perceptual mechanism will predict the subjective results most 
accurately. 
 
8.2 Stimuli 
 
In order for the stimuli that were used in this experiment to be more externally valid, they had to 
be representative of the type of programme material that would be heard in a concert hall or 
replayed through a sound reproduction system. The stimuli also had to contain a range of spatial 
attributes, so that the properties that relate to the two grading scales of perceived source width and 
perceived environment width were stimulated independently.  
 
The simplest method that was available for manipulating the spatial properties of the stimuli in a 
manner that would be externally valid was to use a number of different microphone techniques. 
This would allow the manipulation of the spatial properties of the reproduced sound in a controlled 
manner, and in a way that is externally valid for surround sound reproduction. However, if pre-
recorded stimuli were employed, then this would have introduced a large number of variables that 
would have made the subjective judgement and objective measurement more difficult. For this 
reason it was decided to specifically create controlled stimuli for this experiment, so that the 
microphone technique was the only variable between the stimuli. A number of discrete five-
channel microphone techniques were chosen, based on attempting to create stimuli with a wide 
range of spatial properties. In order to reduce the number of variables in the experiment, these 
were limited to simple arrays. 
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It was decided that a single sound source would be most appropriate for this experiment, as it 
would be difficult for the subjects to determine the exact width of each source if more than one 
was sounded simultaneously. Also, the measurement techniques that have been developed so far 
can only quantify the width of a single source. This source was sounded in a single reverberant 
environment, as the use of a number of environments would have introduced a large number of 
variables into the experiment. This would have complicated the task and made the experiment 
longer to undertake. 
 
The stimuli were reproduced over a standard five-channel loudspeaker array, as specified in [ITU-
R BS 775 1994] and shown in Figure 8.1. 
 
01
A0
A1
A2
A3
A4
 
Figure 8.1: Three-dimensional representation of the listening room, showing the location of 
the listening position (labelled 01) and the five loudspeakers in the standard five-channel 
arrangement, one positioned directly in front of the subject (labelled A0), two positioned at 
±30º from directly in front of the subject (labelled A1 and A2) and two positioned at ±110º 
from directly in front of the subject (labelled A3 and A4). 
 
In an attempt to independently vary the perceived source width and the perceived environment 
width, a number of different front and rear microphone arrays were combined to create a number 
of five-channel microphone techniques. The author conjectured that if there only was a single 
source signal directly in front of the microphone array, then variations in the microphones that 
feed the front loudspeakers would principally affect the perceived source width and the 
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microphones that feed the rear loudspeakers would principally affect the perceived acoustical 
environment, as discussed in [Mason and Rumsey 2001]. Whilst it has been shown that these 
factors do interact with each other and therefore should not be considered separately in this 
manner, it is a useful grouping in order to analyse certain attributes of microphone techniques. 
 
In order to create the perception of a narrow image, a single monophonic microphone could be 
used to feed either a single loudspeaker or a pair of loudspeakers that are positioned symmetrically 
around the median plane. This would mean that the signals that reach each ear would be similar, 
giving minimal fluctuations in interaural time and level difference and a high interaural cross-
correlation coefficient at the listening position. According to the research that was discussed in this 
thesis, this should result in a relatively narrow perceived auditory image. In order to create the 
perception of a wide and diffuse image, a number of widely spaced microphones could be used to 
feed a number of loudspeakers. This would result in differences in both level and time between the 
channels that feed the loudspeakers, which causes a low correlation between the signals in each of 
the channels [Lipshitz 1986]. Based on the research that was discussed in Chapter 1, it is apparent 
that this would cause a low interaural cross-correlation at the listening position that would result in 
a relatively wide perceived auditory image. As a medium point between these two extremes, a 
coincident pair of microphones could be used to feed a pair of loudspeakers. This would cause the 
direct sound from the source to be highly correlated in the loudspeaker channels, though the early 
reflections and the reverberation of the recording acoustical environment would be somewhat 
decorrelated due to the amplitude difference between the channels that is caused by the reflections 
that arrive from away from the median plane. This would result in the direct sound being perceived 
as a relatively small auditory image, but with the source broadening that is caused by the addition 
of the lateral reflections, as discussed in Chapter 1. These microphone techniques are based on the 
well-established principles of stereophonic microphone placement [Rumsey 2001].  
 
Based on this, the front microphone techniques consisted of the following. For the first front 
microphone array, a single monophonic omnidirectional microphone was fed solely to the front 
centre channel. For the second front microphone array, a pair of coincident figure-of-8 
microphones that were pointing ±45º from the source in the horizontal plane was fed to the front 
left and right loudspeakers. For the third front microphone array, three spaced omnidirectional 
microphones were fed to the front left, centre and right loudspeakers. The microphone 
arrangements that were used to feed the rear speakers were similar to those that were used for the 
front. For the first rear microphone array, a single monophonic omnidirectional microphone was 
fed to both the rear left and right loudspeakers. For the second rear microphone array, a pair of 
coincident figure-of-8 microphones that were pointing ±135º from the source in the horizontal 
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plane was fed to the rear left and right loudspeakers. For the third rear microphone technique, two 
spaced omnidirectional microphones were fed to the rear left and right loudspeakers. 
 
The front omnidirectional microphone was positioned to be within the calculated critical distance 
of the source in the acoustical environment, and was 4 metres directly in front of the source. The 
rear omnidirectional microphone was positioned to be outside the critical distance, and was 8 
metres directly behind the front monophonic omnidirectional microphone. In order to confirm that 
the front-to-rear separation of these microphones was sufficient so that the source would be clearly 
perceived to be in front of the subject, the results of this microphone arrangement were auditioned 
by the author. After this, the other front and rear microphone techniques were positioned in order 
to create a similar direct to reverberant sound ratio, as determined subjectively by the author. This 
resulted in three front microphone techniques and three rear microphone techniques. These were 
combined to create nine different five-channel microphone techniques in total. 
 
If these stimuli had been recorded using conventional microphones, then there would have been 
inevitable differences in the frequency and temporal response of the different types of microphone 
that are required for the different polar patterns. In addition, it is likely that the polar pattern of the 
microphones would not be ideal at all audio frequencies. This would have meant that the perceived 
differences between the microphone techniques would not purely be due to the selected positions 
and polar patterns, and the variation in the frequency response might have made the loudness 
alignment of the stimuli more difficult. To avoid this problem, the microphone techniques were 
simulated in CATT-Acoustic. The use of a simulated source, acoustical environment and 
microphone array also allowed more accurate placement of the source and the microphones. 
Finally, it helped to eliminate any additional variables, such as background noise and interference 
that would be caused by the simultaneous placement and use of multiple microphone arrays. 
 
The acoustical environment that was simulated in CATT-Acoustic was a simple shoe-box room 
with the same overall dimensions and reverberation time as the Vienna Grosser Musikvereinssaal. 
In order to excite the early reflection pattern as much as possible, the source was simulated as an 
omnidirectional source. It was positioned on the centre line, 4 metres from the rear wall, and at a 
height of 1.8 metres. The microphones were placed symmetrically around the centre line and were 
spaced from the source based on the calculated critical distance, as mentioned above. 
 
The stimuli were created by calculating the impulse response from the source to each of the 
simulated microphones. To imitate each musical instrument being sounded in the simulated room, 
these impulse responses were then convolved with the sound source signals.  
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In order to eliminate any effects that could be caused by spatial or acoustical information that is 
contained within the source signals, extracts were required that had been recorded monophonically 
within an anechoic environment. The most readily available source of anechoic recordings was the 
Bang and Olufsen CD that contains anechoic recordings made for the Archimedes project. The 
recording of this is well documented in [Hansen and Munch 1994]. 
 
In order to test whether the elicited descriptors and objective measurement techniques were 
applicable to a wide range of programme material, a number of sound sources that contained a 
variety of properties were selected. These were chosen to include examples such as transients, 
sustains, wide-band and narrow-band (tuned) signals, a wide range of frequencies, and a human 
voice. It was also important that there were sufficient gaps in the extracts, so that it was possible to 
hear the effect of the acoustical environment. 
 
The extracts that were used from the B&O CD contained a cello (sustained, tuned, low frequency) 
and a trumpet (mixture of transient attacks and sustains, tuned, mid-high frequencies). Two 
additional extracts were recorded in the free-field room at BBC Research and Development in 
Kingswood Warren, UK. These contained a snare drum (transient, wide frequency range, 
separated hits) and a male speaking voice (a mixture of noise and modulated tonal sounds - a 
popular test item). 
 
The recordings were made in mono with a Brüel and Kjær 4006 omnidirectional microphone that 
was connected via a custom pre-amp and phantom power supply to a Tascam DA-30 DAT 
recorder using the internal analogue to digital converters. The aim of the recording was to produce 
a result which, when replayed over a loudspeaker, would sound as natural as possible. In order to 
do this, the recording was monitored on a single large loudspeaker and compared with the natural 
sound from the source.  
 
It has been found that it is easier and more efficient to judge audio signals that are stationary and 
possibly repetitive [Rumsey 1998] and [Olive et al. 1994]. In view of this, the snare drum and 
trumpet excerpts were made up of a short loop of a bar or so. To match the duration of the other 
extracts, this loop was repeated for approximately 60 seconds. 
 
The relative reproduction level of each of the sound sources is also important in recreating them as 
accurately as possible. Using a Brüel and Kjær SPL meter with a Brüel and Kjær 4145 1-inch 
capsule, A-weighted SPL measurements with a fast time constant were made of an example of 
each sound source that was represented. From this, the relative level of each source was calculated, 
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and the level difference was maintained when creating the stimuli. In this way, the stimuli could be 
reproduced in the listening room at approximately the same level as they would sound in an 
acoustical environment. 
 
This method of creating the stimuli was necessarily a compromise, as there was no longer a real 
source sounding in a real acoustical environment. The disadvantages of this approach were due to 
the artificiality of this simulated environment, source and receiver. For the early part of the 
reflection pattern of the simulated environment, CATT-Acoustic employs a prediction method that 
is based on cone tracing [Dalenbäck 1996]. Whilst this is a reasonable method for simulating 
diffuse reflections, it is not an accurate model, especially when considering higher order diffuse 
reflections. The reason for this is that the paths of the specularly reflected cones are traced, whilst 
the diffusely reflected energy is not traced due to the large amount of computation that is required 
for this task [Dalenbäck et al. 1994]. The late part of the reflection pattern is modelled less 
accurately in CATT-Acoustic, and is based on a simplified statistical model that takes into account 
the basic room shape. In view of this, a very large number of cones were employed in the 
prediction, in order to maximise the accuracy of the simulation. The use of a large number of 
cones extends the duration of the part of the model that is more accurately simulated, therefore 
lessening the effect of the part of the model that is less accurately simulated.  
 
The source was simulated with an omnidirectional directivity pattern, which is similar to the 
directivity of a snare drum, but very different to the directivity of a trumpet. This pattern was used 
in order to excite the early reflection pattern of the room as much as possible. However, this 
directivity pattern was not representative of the range of source signals that were employed. The 
source was also modelled as a perfect omnidirectional source, which means that the frequency 
response and directivity were perfect, which is not an accurate simulation of practical sound 
sources. In addition, CATT-Acoustic does not simulate the physical coupling of the source to the 
air in a manner that accurately represents each of the sound source signals. However, factors such 
as the timbre, attack, decay and musicality of the sound source signals should be reproduced 
effectively by this simulated sound source.  
 
The simulated receivers were also unlike real microphones. The elimination of some of the 
variations between the different microphone types that would have been present with the use of 
real microphones was deliberate, as mentioned above. However, the polar patterns of the simulated 
microphones were identical at all frequencies, which is unusual in real microphones, and the 
frequency and temporal responses of the simulated receivers were ideal and therefore unlike 
practical microphones.  
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The stimuli were created by convolving the anechoic sound source signals with the impulse 
responses that had been calculated using the simulated source, room and receivers. In view of the 
limitations of the simulation, as discussed above, it is apparent that the experiment would not be 
applicable as a study of the perceived effect of microphone techniques or the attributes of 
acoustical environments. However, the aim of this method was to create stimuli that were similar 
to typical programme material, though with variations solely in the perceived auditory spatial 
properties of the sound reproduction, whilst the sound source and recorded acoustical environment 
were kept constant. Audition of stimuli that were created by this method indicated that they were 
convincing simulations of recordings of a source that was sounded in a reverberant environment, 
whose spatial properties varied with the different microphone techniques that were simulated. In 
this way, they were suitable for use in this experiment.  
 
To summarise, nine microphone techniques were used in the creation of the experimental stimuli. 
They were made up of a combination of three microphone arrays that fed the front channels and 
three microphone arrays that fed the rear channels. For each of these nine microphone techniques, 
there were four sound source signals, resulting in a total of 28 stimuli.  
 
8.3 Method 
 
This experiment aimed to evaluate the stimuli by using grading scales that were based on the 
subjective attributes that had been elicited in the previous subjective experiments. Due to this, the 
required methodology was different to that which was employed for the elicitation experiments 
that were described in Chapter 4 to Chapter 6. 
 
For this experiment, the stimuli were presented to the subjects in sets of nine, which included all 
the microphone techniques for a single sound source signal. This method was used as it is more 
rapid to undertake than paired comparisons, yet it still allowed the comparison between the 
stimuli, which enables small differences to be detected and graded in a reliable manner [Bech 
1990]. The two grading scales were presented on the same screen, one for source width and one 
for environment width. 
 
The subjective attribute that was associated with the first grading scale was described to the 
subjects as follows: 
‘For source width, you should indicate how wide you perceive the sound 
source (the musical instrument or voice) to be, measured in degrees from the 
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left of the source to the right of the source at its widest point. Calculate the 
total angle the sound source appears to cover by adding the angle of the left 
hand side of the source (in degrees from the centre) to the angle of the right 
hand side of the source (in degrees from the centre).’  
In order to assist the subjects in evaluating the source width, visual angle markers were placed 
below the loudspeakers, with the azimuth from directly in front of the listening position marked in 
gradations of 5º.  
 
The subjective attribute that was associated with the second grading scale was described to the 
subjects as follows: 
‘For environment width you should indicate how wide or spacious you 
perceive the reproduction of the acoustical environment or concert hall to be. 
This scale is from 0 to 100, with a score of 0 indicating that the hall could not 
sound any narrower and a score of 100 indicating that the hall could not 
sound any wider.’  
Unfortunately it was not possible to give visual markers for the environment width, as it was 
expected that the perceived width of the reproduced acoustical environment would be larger than 
the listening room. 
 
The subjective attributes were also described by the use of a graphical depiction. This was based 
on the results of the sketch-map elicitation methods that were used in the previous experiments, 
and is shown in Figure 8.2. 
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Figure 8.2: The depiction that was given to the subjects as a descriptor to represent the 
meaning of the two grading scales that were used in the subjective experiment.  
 
In addition to the verbal and graphical descriptions that are shown above, a number of exemplary 
stimuli from the previous elicitation experiments were provided to demonstrate the subjective 
attributes that related to each grading scale. For this, the subjects were given narrow and wide 
examples of both source width and environment width. The stimuli that demonstrated source width 
were from the experiment that was described in Chapter 5. They were the continuous noise signals 
with the lowest and highest magnitudes of inter-loudspeaker time difference fluctuations that were 
presented over the loudspeakers that were positioned at ±30º. The stimuli that demonstrated 
environment width were from the experiment that was described in Chapter 6. They were the 
decaying noise signals with the lowest and highest magnitudes of inter-loudspeaker time 
difference fluctuations that were presented over the rear loudspeakers in addition to the centre 
loudspeaker. 
 
Source width 
in degrees 
Environment width 
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The reproduction of the stimuli was controlled by using a computer. The screen simultaneously 
displayed the play buttons and the two grading scales for each of the nine stimuli, as shown in 
Figure 8.3. The subjects were free to switch between the stimuli whenever and as often as they 
required. A selected stimulus would loop continuously until the pause button was clicked. The 
switching between the stimuli was set to be synchronous, meaning that the stimulus that was 
selected would not start from the beginning, but would continue from the point that the previous 
stimulus had reached. The judgements were made on the grading scale by clicking and dragging 
the marker on the appropriate slider. When the subject had graded all the stimuli and was satisfied 
with the grades, clicking ‘Next’ would move them to the next set of stimuli. 
 
 
Figure 8.3: Screen shot of the user interface that was employed for the subjective 
experiment, showing the lettered buttons for switching between the stimuli and the two 
grading scales for each stimulus. 
 
The subjects were free to grade the stimuli in any order, but they were encouraged to listen to all 
the stimuli before commencing the grading. In order to eliminate any effects data that may have 
been caused by using a single order of presentation [Meilgaard et al. 1991], the stimuli were 
randomised, which meant that they were presented to each subject in a different random order. 
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8.3.1 Physical set-up 
 
The experiment was carried out in an ITU-R BS 1116 standard listening room. The loudspeakers 
were arranged in the conventional five-channel configuration, as specified in [ITU-R BS 775]. 
This meant that they were positioned at 0º, ±30º and ±110º from the frontal median plane, at a 
distance of 2 metres from the subject, as shown in Figure 8.1.  
 
The computer monitor was positioned on a low stand in front of the subject so that it did not 
obscure the path of the direct sound from any of the loudspeakers to the subject. A mouse was 
used to control the replay system, and this was placed on a mouse pad that was attached to the arm 
of the chair on which the subject was seated. 
  
The reproduction of the experiment stimuli was carried out using custom listening test software 
that ran on a Silicon Graphics O2. The ADAT output of the Silicon Graphics machine was 
connected to a Yamaha 02R for routing and digital to analogue conversion, and the analogue 
outputs were then connected to Genelec 1032A loudspeakers, which were arranged as mentioned 
above. The loudspeakers were level aligned to within ±0.1 dBA by the use of a pink noise 
generator and an omnidirectional microphone that was positioned at the centre of the listening 
position that was connected to a Brüel and Kjær 2123 real-time analyser. 
 
The author subjectively set the reproduction level to a comfortable listening level, where quieter 
parts of the stimuli could be clearly perceived without the louder parts of the stimuli being 
uncomfortably loud. The measured level offsets between the individual sound source signals that 
were taken into account when creating the stimuli, as described in Section 8.2, were maintained in 
the reproduction. This meant that the relative reproduction level of each of the sound source 
signals was similar to how it would be perceived in an acoustical environment. 
8.3.2 Loudness alignment 
 
As mentioned in Chapter 4, the loudness of an auditory signal can have a large effect on how it is 
perceived. For this reason, each of the different microphone techniques for each sound source 
signal was aligned to be of similar loudness using the Moore loudness model [Moore et al. 1997]. 
However, the loudness offset between the different sound source signals was maintained as 
mentioned above. 
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The loudness alignment involved the reproduction of all the stimuli in the listening room, and the 
measurement the average level over the duration of the each stimulus in 1/3rd octave bands. These 
data were then entered into the Moore loudness model to calculate the approximate subjective 
loudness in phons. The reproduction level of the stimuli was then aligned based on these data, after 
which the loudness was measured again. This procedure was repeated until the stimuli were 
measured to be within ±0.1 phons.  
 
It must be noted that the Moore loudness model was developed for application to static signals, 
which means that the use of this model for quantifying the loudness of dynamic stimuli, such as 
musical programme material, was improper. However, previous experience had shown that, for 
stimuli with similar characteristics (i.e. the same musical extract) and a similar frequency response 
(within a few dB in each 1/3rd octave band), this method of alignment results in stimuli that are 
subjectively the same loudness [Mason and Rumsey 2000]. The results of the loudness alignment 
that was conducted for this experiment were confirmed by audition by the author. 
 
8.4 Experimental procedure 
 
The training that the subjects were given was deliberately limited in order to examine how 
intuitive they found the grading scales to be. Therefore the training solely consisted of a printed 
sheet that contained the description of the experiment and the verbal and graphical descriptions of 
the meaning of the grading scales, in addition to the exemplary auditory stimuli, as described in 
Section 7.2. 
 
This experiment was not an expert elicitation exercise, unlike the previous experiments. In order to 
increase the likelihood of a statistically significant result, and to be able to infer the results to a 
wider population, a larger panel of subjects was used. The subjects that were used were still expert 
subjects, as they are more familiar with critical listening and analysing the attributes of auditory 
stimuli than naïve subjects. This means that it was likely that there would be less error in the 
results compared to if naïve listeners had been used, as was found by Bech [Bech 1992]. It has 
been shown that, for experiments that involve qualitative judgements such as preference, there can 
be large differences between the results of expert and naïve subjects [Kirk 1956]. However, as this 
experiment was an exercise in detecting and grading the perceived quantitative spatial attributes of 
the stimuli, the author considered that it was likely that there would be little difference between the 
mean results of expert listeners and naïve listeners.  
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27 subjects were used in the experiment. They were either students, graduates, postgraduates or 
staff in the Department of Sound Recording at the University of Surrey. The experiment took an 
average of approximately 25 minutes to undertake. The subjects were not informed of the nature of 
the programme material they were auditioning or whether any processing was involved. 
 
8.5 Analysis of the subjective evaluations 
 
The subjective results from this experiment were judgements of the perceived source width and the 
perceived acoustical environment width, which were graded on two separate scales. The perceived 
source width was graded as the subtended angle of the source and was measured in degrees. The 
perceived acoustical environment width was graded on a scale from 0 to 100. 
 
The first stage of the analysis was to check that the data conformed to the assumptions of the 
analysis of variance (ANOVA). The application of a Kolmogorov-Smirnov test indicated that the 
data were not normally distributed. In addition, the use of Levene’s test indicated that the variance 
of the data was not homogeneous. It has been shown that the ANOVA is robust to the violation of 
the assumptions of normal distribution and equal variance, as long as the samples are of equal 
sizes [Howell 1997]. However, this must be considered when selecting the most appropriate post 
hoc tests. As the data did not meet the assumptions of the ANOVA, the validity of applying this 
analysis was tested by comparing the results of the ANOVA with the results of a non-parametric 
Kruskal-Wallis test, following the method that was employed by Zacharov and Huopaniemi 
[Zacharov and Huopaniemi 1999]. The significance value results of the univariate ANOVA and 
the one-way non-parametric Kruskal-Wallis tests are shown in Table 8.1. 
 
Source width Environment width Independent variable 
ANOVA Kruskal-
Wallis 
ANOVA Kruskal-
Wallis 
Sound source signal 0.743 0.888 0.000 0.000 
Front microphone technique 0.000 0.000 0.000 0.000 
Rear microphone technique 0.011 0.010 0.000 0.000 
Table 8.1: Table of the significance value results of both the univariate analysis of variance 
(ANOVA) and the one-way Kruskal-Wallis tests of the subjective data using the independent 
variables of sound source signal, front microphone technique and rear microphone 
technique. 
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It is apparent that the results from the ANOVA and the Kruskal-Wallis test were very similar, and 
that both had very high levels of statistical significance in most cases. Based on this information it 
was concluded that the ANOVA could be used to analyse the data further. 
  
The data from the all the subjects were entered into a type III sum of squares general linear model 
ANOVA, with the fixed factors of sound source signal (SOURCESIG), front microphone 
technique (FRONT) and rear microphone technique (REAR) and all interactions. The results of the 
ANOVA are shown in Table 8.2. In order to test how well the ANOVA model fitted the data, the 
standardised residuals were analysed. This showed that the model was a good representation of the 
data, as more than 95% of the standardised residuals were between +2 and –2, and more than 99% 
were between +2.5 and –2.5 [Field 2000]. 
 
Source Dependent 
Variable 
Type III 
Sum of 
Squares 
df Mean 
Square 
F Sig. Partial 
Eta 
Squared 
Source width 111122 35 3174 11.0 0.000 0.292 Corrected 
Model Environment width 270126 35 7717 20.7 0.000 0.436 
Intercept Source width 669559 1 6695 2327.8 0.000 0.713 
 Environment width 1902617 1 1902617 5097.6 0.000 0.845 
SOURCESIG Source width 488 3 162 0.6 0.638 0.002 
 Environment width 43909 3 14636 39.2 0.000 0.112 
FRONT Source width 100333 2 50166 174.4 0.000 0.271 
 Environment width 88511 2 44255 118.6 0.000 0.202 
REAR Source width 3498 2 1749 6.1 0.002 0.013 
 Environment width 105924 2 52961 141.9 0.000 0.233 
Source width 3546 6 590 2.1 0.056 0.013 SOURCESIG 
* FRONT Environment width 1601 6 266 0.7 0.638 0.005 
Source width 616 6 102 0.4 0.906 0.002 SOURCESIG 
* REAR Environment width 26949 6 4491 12.0 0.000 0.072 
Source width 474 4 118 0.4 0.800 0.002 FRONT * 
REAR Environment width 78 4 19 0.1 0.995 0.000 
Source width 2167 12 180 0.6 0.820 0.008 SOURCESIG 
* FRONT * 
REAR 
Environment width 3154 12 262 0.7 0.749 0.009 
Error Source width 269222 936 287    
 Environment width 349349 936 373    
Total Source width 1049903 972     
 Environment width 2522092 972     
Source width 380344 971     Corrected 
Total Environment width 619475 971     
Table 8.2: Analysis of variance (ANOVA) results table for all listeners, with perceived source 
width and environment width as dependent variables, and the sound source signal 
(SOURCESIG), front microphone technique (FRONT), and rear microphone technique 
(REAR) as fixed factors. 
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It is apparent from the results that are contained in Table 8.2 that nearly all of the factors and one 
interaction were statistically significant beyond the p = 0.05 level. It is apparent that the partial eta 
squared value (an indication of the effect size of each factor and interaction [Howell 1997]) 
showed that the source width was affected most by the front microphone technique and that the 
environment width was affected most by the rear microphone technique. However, the front 
microphone technique also had a large effect on the environment width. There was also a 
statistically significant interaction between the source signal and the rear microphone technique, 
though further investigation of this showed that it was an ordinal interaction, which meant that it 
could reasonably be disregarded [Howell 1997]. 
 
In order to determine which of the levels of the independent variables differed significantly from 
each other, a post hoc comparison was conducted. As mentioned above, the variance in the data 
was not homogeneous, meaning that a post hoc test that did not assume equal variances had to be 
employed. In view of this, the data was analysed using Dunnett’s C test, as recommended by 
Green, Salkind and Akey [Green et al. 2000]. A test was done to investigate the effect of the main 
independent variables of the front microphone technique and the rear microphone technique on the 
dependent variables of source width and environment width respectively. The results of this test 
showed that each of the microphone techniques that were employed was statistically significantly 
different from the other microphone techniques. In other words, for the judgements of source 
width, the stimuli that had been recorded using the omnidirectional front microphone technique 
were judged to be significantly wider than the stimuli that had been recorded using the figure-of-8 
microphone technique. The stimuli that had been recorded using the figure-of-8 microphone 
technique were in turn judged to be significantly wider than the stimuli that had been recorded 
using the monophonic microphone technique. A similar result was also found for the effect of the 
rear microphone technique on the judgements of environment width. 
 
The results from this experiment were also used to examine the salience of the descriptors that 
resulted from the elicitation experiments that were described in Chapter 4 to Chapter 6. These 
descriptors were used to describe the judgement scales that were employed in the experiment that 
is described in this chapter.  
 
The first test of the judgement scales was to examine the correlation between the two scales. A 
Pearson analysis of all the results that were given on the two subjective scales showed a 
correlation of 0.311, which equates to a shared variance of 9.7%. This indicates that the subjects 
could differentiate between the meaning of the two judgement scales, and could grade using them 
with reasonable independence. 
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The second test of the judgement scales involved an examination of the results of the ANOVA. 
The mean square of the error in the ANOVA was 287 for the source width judgements and 373 for 
the environment judgements. This appears to be relatively high. However, it must be considered 
that the judgements were made on a scale of 0 to 180 for the source width and 0 to 100 for the 
environment width, which is a larger range than the 0 to 10 scale that is usually employed in 
grading experiments. The data were transformed by the appropriate factors to form scales from 0 
to 10, and the resulting mean square error values for the source width and environment width were 
then 0.888 and 3.732 respectively. This error value for the source width judgement is similar to 
that found in experiments that used more established judgement scale descriptors, such as those 
carried out by Rumsey [Rumsey 1999] and Bech [Bech 1992]. This indicates that the subjects 
could relate to the meaning of the scales, and could use them to grade in a consistent manner. The 
error value for the environment width was higher than was expected, which indicates that the 
subjects were not as consistent in grading this attribute. It is possible that this was due to the fact 
that there were no intermediate anchor points on the scale, unlike the angular divisions of the 
source width scale. This could be resolved in future experiments by creating audible intermediate 
anchor points or reference stimuli to demonstrate the meaning of intermediate points on the scale. 
8.5.1 Subjective results for comparison with objective measurements 
 
It was also important to generate results that could be compared with the objective measurements 
that were made of the stimuli. Whilst it was possible to compare the objective measurements with 
the raw subjective data, this would have resulted in the correlation of 9 data points from the 
objective data with 972 data points from the subjective data. This comparison between largely 
differing numbers of data points makes it difficult for the data to meet the assumptions of the 
correlation tests [Howell 1997]. Therefore it was decided to use the means of the subjective results 
in the comparisons with the objective data. As it was apparent from the results of the ANOVA that 
the different sound source signals (SOURCESIG in Table 8.2) caused a statistically significant 
variation in the perceived environment width, the means were calculated individually for each 
source signal, as well as for the data that contained all the source signals. The mean values for all 
the data for each source signal and for all the source signals combined, separated by the five-
channel microphone techniques that were employed, are shown in Table 8.3 for the judgements of 
source width, and Table 8.4 for the judgements of environment width. 
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Sound source signal Microphone technique 
All Cello Snare 
drum 
Trumpet Voice 
Mono omni front, Mono omni rear 11.06 7.89 16.00 10.19 10.19 
Mono omni front, Figure-of-8s rear 11.59 9.85 11.41 13.56 11.56 
Mono omni front, Spaced omnis rear 13.51 10.37 18.89 12.56 12.22 
Figure-of-8s front, Mono omni rear 30.40 28.41 30.15 28.33 34.70 
Figure-of-8s front, Figure-of-8s rear 29.05 29.07 31.41 25.37 30.33 
Figure-of-8s front, Spaced omnis rear 34.72 29.59 35.30 35.19 38.81 
Spaced omnis front, Mono omni rear 33.57 36.48 28.37 37.78 31.67 
Spaced omnis front, Figure-of-8s rear 33.76 34.74 31.93 35.48 32.89 
Spaced omnis front, Spaced omnis rear 38.55 40.07 40.48 37.00 36.63 
Table 8.3: Table of the mean values of the subjective judgements of source width, calculated 
for each source signal and for all the source signals combined, separated by the five-channel 
microphone technique. 
 
Sound source signal Microphone technique 
All Cello Snare 
drum 
Trumpet Voice 
Mono omni front, Mono omni rear 16.76 15.85 19.41 18.11 13.67 
Mono omni front, Figure-of-8s rear 33.13 27.93 48.37 28.67 27.56 
Mono omni front, Spaced omnis rear 42.46 29.22 66.93 37.78 35.93 
Figure-of-8s front, Mono omni rear 36.44 39.22 31.37 38.37 36.81 
Figure-of-8s front, Figure-of-8s rear 53.06 46.70 70.37 47.93 47.22 
Figure-of-8s front, Spaced omnis rear 60.84 50.78 75.81 59.93 56.85 
Spaced omnis front, Mono omni rear 37.82 43.44 39.22 38.04 30.59 
Spaced omnis front, Figure-of-8s rear 54.47 46.00 68.93 52.22 50.74 
Spaced omnis front, Spaced omnis rear 63.19 50.70 80.15 63.56 58.37 
Table 8.4: Table of the mean values of the subjective judgements of environment width, 
calculated for each source signal and for all the source signals combined, separated by the 
five-channel microphone technique. 
 
A correlation analysis was conducted on the mean values of the subjective judgements of source 
width and environment width, separated by the five-channel microphone technique and the sound 
source signal. This analysis indicated that, even though the raw data of the two judgement scales 
were reasonably uncorrelated, as discussed above, the mean results of the two subjective scales 
had a correlation coefficient of 0.669. As this is relatively high, it means that if an objective 
measurement accurately predicts one of the subjective attributes and is therefore highly correlated 
with the subjective results from one of the judgement scales, it may also be highly correlated with 
the other judgement scale. This is unfortunate, as it will make it difficult to separate out the 
measurements that are related to each of the subjective attributes in this experiment.  
 
 
  
 
8 Evaluation of the resulting subjective descriptors and objective measurements 
 Page 256 
8.6 Analysis of the objective measurements 
8.6.1 Measurement details 
 
The objective measurements that were made for the experiment were all based on quantifying the 
properties of binaural signals, as it was discussed in Chapter 1 that it was likely that this type of 
measurement would be more successful. For this, a Neutrik Cortex MK1 head and torso simulator 
was positioned at the listening position in the listening room and was used to capture the binaural 
recordings of all the stimuli that were used in the experiment. In addition to this, a maximum 
length sequence (MLS) signal was convolved with the impulse responses that were used to create 
the experiment stimuli, and the resulting signals were also reproduced over the loudspeakers and 
captured using the head and torso simulator in an identical manner to the experiment stimuli. The 
resulting binaural MLS signals were then analysed using a Maximum Length Sequence System 
Analyser (MLSSA) to obtain the impulse response of the system from the virtual source in the 
simulated acoustical environment, via the simulated five-channel microphone arrays and the five-
channel reproduction system to the head and torso simulator in the listening room. This allowed 
measurements to be made of the properties of impulse responses that were processed in an 
identical way to the sound source signals. 
 
The properties of the resulting binaural recordings of the experimental stimuli and the binaural 
impulse responses were then quantified using a number of different measurement techniques. 
8.6.2 Conventional interaural cross-correlation coefficient measurements 
 
Measurements were made of the interaural cross-correlation coefficients of the binaural impulse 
responses in the manner suggested by [BS EN ISO 3382 2000], and following the research of 
Hidaka, Beranek and Okano [Hidaka et al. 1995]. The measurements that were made according to 
the first of these were calculated over the entire duration of the impulse responses in one-octave 
frequency bands, and are denoted in this chapter as IACCBSf, where f refers to the frequency of the 
centre of the one-octave bandwidth filter.  
 
The measurements that were made as suggested by Hidaka and his colleagues were similar, but 
were separated into source-related and environment-related segments and averaged over the results 
that were measured in one-octave frequency bands centred on 500, 1000 and 2000 Hz. The source-
related measurements were made of the early part of the impulse response from the arrival of the 
direct sound to 80 ms later. This is denoted in this chapter as IACCE3. The environment-related 
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measurements were made of the late part of the impulse response, from 80ms to 750 ms after the 
arrival of the direct sound. This is denoted in this chapter as IACCL3. 
 
The results for these measurements are shown in Table 8.5. 
 
Microphone technique 
IA
C
C
B
S1
25
 
IA
C
C
B
S2
50
 
IA
C
C
B
S5
00
 
IA
C
C
B
S1
00
0 
IA
C
C
B
S2
00
0 
IA
C
C
B
S4
00
0 
IA
C
C
E
3 
IA
C
C
L
3 
Mono omni front,  
Mono omni rear 
0.928 0.823 0.685 0.808 0.798 0.733 0.769 0.757 
Mono omni front,  
Figure-of-8s rear 
0.766 0.668 0.338 0.461 0.645 0.495 0.659 0.237 
Mono omni front, 
Spaced omnis rear 
0.512 0.224 0.313 0.240 0.367 0.224 0.333 0.257 
Figure-of-8s front,  
Mono omni rear 
0.924 0.869 0.656 0.448 0.211 0.621 0.421 0.617 
Figure-of-8s front,  
Figure-of-8s rear 
0.828 0.773 0.441 0.283 0.306 0.330 0.411 0.151 
Figure-of-8s front,  
Spaced omnis rear 
0.641 0.348 0.187 0.315 0.192 0.145 0.290 0.231 
Spaced omnis front,  
Mono omni rear 
0.929 0.858 0.523 0.279 0.220 0.618 0.301 0.514 
Spaced omnis front,  
Figure-of-8s rear 
0.864 0.823 0.410 0.293 0.283 0.401 0.337 0.136 
Spaced omnis front,  
Spaced omnis rear 
0.688 0.532 0.075 0.296 0.149 0.221 0.255 0.203 
Table 8.5: Table of the results of the interaural cross-correlation measurements made of the 
binaural impulse responses that were created at the listening position by the use of each of 
the five-channel microphone techniques. 
8.6.3 Novel interaural cross-correlation coefficient measurements 
 
The next set of interaural cross-correlation measurements were made of the properties of the 
experimental stimuli themselves, rather than the calculated impulse responses that were used for 
the measurements that are described above. In this case, the source-related and environment-
related aspects of the signal were divided based on perceptual grouping. In order to achieve this, 
segments of the binaural recordings of the experimental stimuli were selected as examples of 
signals that would be perceived either as a direct sound source or a reverberant decay. For 
instance, the first long note of the cello extract was selected as the active sound source segment 
representing that stimulus. This segment was 17500 samples long, and the same segment was 
edited from each of the nine stimuli that contained the cello sound source signal that employed 
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different microphone techniques. The reverberant decay that was selected was from the end of the 
cello extract, as this was the only available decay without a direct sound component. This segment 
was 66000 samples long, and again the same segment was edited from all nine cello stimuli. This 
process was repeated for the stimuli that contained the trumpet, snare drum and male speaking 
voice source signals, resulting in 72 edited segments (a direct and a reverberant example from each 
of the 4 sound source signals and for each of the 9 microphone techniques). 
 
The measurements were made using the process that is described in Appendix A. For this, the 
audio signals were passed through a gammatone filterbank to mimic the frequency selectivity of 
the ear, and then a number of consecutive interaural cross-correlation coefficient calculations were 
made of the resulting narrow-band signals over time. The results of this were then inverted to give 
a positive correlation with the subjective effect as discussed in Chapter 1, and then filtered to 
emulate the maximum rate of change of cross-correlation that is perceivable. Finally, the results in 
each frequency band over time were weighted by the instantaneous amplitude of the signal. From 
this, the maximum value across the frequency bands at each moment of time was found, and a 
mean value of these maxima was calculated, which gave the final measured result. This 
measurement is referred to here as the perceptually grouped interaural cross-correlation coefficient 
(PGIACC), and the subscript characters of the PGIACC measurement refer to the segment of the 
signal, where PGIACCA is the active sound source segment and PGIACCR is the reverberant 
segment. 
 
Initially, measurements were made of the segments of the stimuli that showed least variation in the 
subjective results. The cello extract was chosen as the active sound source segment, as this showed 
least variation in the subjective judgements of source width, and the snare drum was chosen as the 
reverberant segment, as this showed least variation in the subjective judgements of environment 
width. The results are shown in Table 8.6. 
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Microphone technique PGIACCA for the 
cello stimuli 
PGIACCR for the 
snare drum stimuli 
Mono omni front, Mono omni rear 0.162 0.111 
Mono omni front, Figure-of-8s rear 0.179 0.242 
Mono omni front, Spaced omnis rear 0.182 0.239 
Figure-of-8s front, Mono omni rear 0.256 0.141 
Figure-of-8s front, Figure-of-8s rear 0.260 0.197 
Figure-of-8s front, Spaced omnis rear 0.259 0.252 
Spaced omnis front, Mono omni rear 0.256 0.171 
Spaced omnis front, Figure-of-8s rear 0.257 0.242 
Spaced omnis front, Spaced omnis rear 0.278 0.215 
Table 8.6: Table of the results of the perceptually grouped interaural cross-correlation 
measurements that were made of the stimuli that consist of the cello and snare drum sound 
source signals that were created at the listening position by the use of each of the five-
channel microphone techniques. 
8.6.4 Measurements of the fluctuations in interaural time and level difference 
 
Measurements were also made of the fluctuations in interaural time and level difference that were 
created by the stimuli at the listening position. These were carried out by quantifying the 
properties of the same active sound source and reverberant segments of the binaural recordings of 
the stimuli that were used for the perceptually grouped interaural cross-correlation measurements, 
as described above. 
 
The measurements of the fluctuations in interaural time difference were made using the process 
that is described in Appendix B. As for the perceptually grouped interaural cross-correlation 
measurements, the audio signals were passed through a gammatone filterbank, and then the 
variations over time in the interaural time difference of the resulting narrow-band signals were 
quantified by the use of a consecutive series of interaural cross-correlation calculations. The 
results of this were then weighted by the instantaneous amplitude of the signal. From this, the 
maximum value across the frequency bands at each moment of time was found, and then a mean 
value of these maxima was calculated, which gave the final measured result. This measurement is 
referred to here as the interaural cross-correlation fluctuation function (IACCFF). As for the 
previous measurement, the subscript characters refer to the segment of the signal, where IACCFFA 
is the active sound source segment and IACCFFR is the reverberant segment. 
 
The measurements of the fluctuations in interaural level difference were made using the process 
that is described in Appendix C. The initial stage of the measurement was again to pass the audio 
signals through a gammatone filterbank. The variations over time in the interaural level difference 
of the resulting narrow-band signals were then quantified by subtracting the absolute values of the 
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left channel signal from the absolute values of the right channel signal. The results of this were 
then smoothed by the use of a 3 ms window, in order to reduce errors in the measurement that are 
caused by the instantaneous signal level and interaural time differences between the signals. From 
this, the maximum value across the frequency bands at each moment of time was found, and a 
mean value of these maxima was calculated, which gave the final measured result. This 
measurement is referred to here as the interaural level difference fluctuation function (ILDFF). As 
for the previous measurements, the subscript characters refer to the segment of the signal, where 
ILDFFA is the active sound source segment and ILDFFR is the reverberant segment. 
 
In the same manner as the perceptually grouped interaural cross-correlation coefficient 
measurements, the properties of the source-related and environment-related segments were 
initially measured for representative stimuli that showed least variation in the subjective results. 
From this, the properties of the active sound source segment of the cello stimuli and the 
reverberant segment of the snare drum stimuli were quantified. The results are shown in Table 8.7. 
 
Microphone technique IACCFFA 
for the cello 
stimuli 
IACCFFR 
for the 
snare drum 
stimuli 
ILDFFA for 
the cello 
stimuli 
ILDFFR for 
the snare 
drum 
stimuli 
Mono omni front, Mono omni rear 34.6 27.0 -31.0 -55.9 
Mono omni front, Figure-of-8s rear 34.9 32.1 -32.5 -52.0 
Mono omni front, Spaced omnis rear 36.3 32.7 -31.6 -52.6 
Figure-of-8s front, Mono omni rear 38.8 26.8 -33.1 -56.2 
Figure-of-8s front, Figure-of-8s rear 39.1 30.7 -34.0 -52.3 
Figure-of-8s front, Spaced omnis rear 39.0 33.7 -31.9 -52.3 
Spaced omnis front, Mono omni rear 39.5 28.7 -30.9 -55.9 
Spaced omnis front, Figure-of-8s rear 40.3 32.9 -29.1 -52.4 
Spaced omnis front, Spaced omnis rear 39.5 30.7 -29.0 -52.4 
Table 8.7: Table of the results of the perceptually grouped measurements of the fluctuations 
in interaural time and level difference that were made of the stimuli that consist of the cello 
and snare drum sound source signals that were created at the listening position by the use of 
each of the five-channel microphone techniques. 
 
8.7 Correlation between the objective and subjective results 
8.7.1 Correlation between the objective and subjective results for all sound source signals 
 
The objective measurement data that are contained in Table 8.5, Table 8.6 and Table 8.7 were 
compared with the means of the subjective data that are contained in Table 8.3 and Table 8.4. The 
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initial analysis compared the objective measurements with the means of the subjective data that 
contained the judgements for all the sound source signals. The results of the Pearson correlation 
test are shown in Table 8.8, with correlations of higher than 0.7 denoted in bold text. 
 
Objective measurement Correlation with 
means of subjective 
judgement of source 
width 
Correlation with means 
of subjective 
judgement of 
environment width 
IACCBS125 0.117 -0.468 
IACCBS250 0.124 -0.407 
IACCBS500 -0.336 -0.784 
IACCBS1000 -0.568 -0.784 
IACCBS2000 -0.885 -0.794 
IACCBS4000 -0.342 -0.852 
IACCE3 -0.791 -0.824 
IACCL3 -0.304 -0.799 
PGIACCA 0.982 0.770 
PGIACCR 0.162 0.681 
IACCFFA 0.958 0.752 
IACCFFR 0.095 0.644 
ILDFFA 0.301 0.245 
ILDFFR 0.059 0.664 
Table 8.8: Table of the results of the Pearson correlation analysis between the objective 
measurements and the mean values of the subjective judgements of source width and 
environment width including the data from all the sound source signals, separated by the 
five-channel microphone technique. 
 
A number of factors can be seen from the results of the correlation analysis. Firstly, it appears that 
the interaural cross-correlation measurements that were made of the entire duration of the impulse 
responses, as suggested in [BS EN ISO 3382 2000] (denoted as IACCBS in Table 8.8) provide 
different results in different frequency bands. Only the measurement that was centred on 2 kHz 
was highly correlated with the subjective judgements of source width. These measurements 
matched the subjective results of environment width more successfully, though only from 500 Hz 
and above. 
 
The measurements of the interaural cross-correlation coefficient of the early and late segments of 
the impulse responses (denoted as IACCE3 and IACCL3 in Table 8.8) were mostly highly correlated 
with the subjective data. However, it is apparent that the measurement of the early segment of the 
impulse response, which is usually related to the perceived properties of the sound source, was 
more closely correlated with the subjective judgements of the environment width than the source 
width. In addition, this measurement also matched the subjective judgements of environment 
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width more accurately than the measurement of the late segment of the impulse response that is 
usually related to the properties of the reverberation. 
 
The perceptually grouped interaural cross-correlation coefficient measurements that were made of 
the active sound source segment (denoted as PGIACCA in Table 8.8) appeared to match the 
subjective judgements of the source width most accurately. However, the results of the subjective 
judgements of environment width were more closely correlated with the active sound source 
segment measurement (PGIACCA) than the reverberant component (PGIACCR). This may be due 
to the fact that these measurements were made of specific sound source signals and that the 
subjective results were the means from the data including all the sound source signals. Whether 
this assumption is correct could be examined by comparing the objective and subjective results for 
each sound source signal individually. 
 
The measurements of the magnitude of the fluctuations in interaural time difference that were 
made of the active sound source segment (denoted as IACCFFA in Table 8.8) showed a high 
correlation with the subjective judgements of both the source width and the environment width. 
However, the measurements of the magnitude of the fluctuations in interaural time difference that 
were made of the reverberant component (denoted as IACCFFR in Table 8.8) were not highly 
correlated with the results of either of the subjective judgement scales. The fact that this 
correlation is poor may also be due to attempting to relate the measurements of a single sound 
source signal with the subjective results from all the sound source signals. 
 
Finally, the measurements of the magnitude of the fluctuations in interaural level difference that 
were made of either the active sound source or reverberant segments of the signals (denoted as 
ILDFFA and ILDFFR in Table 8.8) both showed poor correlation with the results of either of the 
subjective attribute scales.  
 
It is interesting to note that, for a number of the measurement techniques, the measurements that 
were related to the direct sound scene component were more correlated with the perceived 
environment width than the measurements that were related to the reverberation. This is partially 
due to the correlation between the means of the subjective results for the two judgement scales, as 
discussed in Section 8.5. It is also partially caused by the fact that the results of the environment 
width judgements were different for some of the sound source signals, as indicated by the 
statistically significant result for the sound source signal factor in the ANOVA results that are 
shown in Table 8.2.   
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8.7.2 Correlation between the objective and subjective results for individual sound source 
signals 
 
The measurement techniques that are described above that are based on perceptual grouping were 
implemented by quantifying the properties of stimuli that were used in the experiment. This is 
dissimilar to the extant measurement techniques that were implemented by quantifying the 
properties of the measured impulse responses of the entire recording and reproduction chain. In 
view of this, it was suggested that these techniques might be more closely correlated with the 
subjective data if the grades for each individual sound source signal were taken into account. In 
addition to this, the correlation between the objective and subjective results may be lower if the 
means are taken from all the subjective data, as the different sound source signals cause different 
perceived widths for the same microphone techniques. In view of this, the data from the subjective 
evaluations and the objective measurements that were made for each of the sound source signals 
were compared.  
 
For the objective measurements that were made of the properties of the impulse responses, the 
same set of measurement results was used to compare with the subjective results for each of the 
sound source signals. In order to simplify the analysis, the measurements that were made 
according to [BS ISO EN 3382 2000] (denoted as IACCBS in Table 8.8) that were least consistent 
in the previous correlation analysis were excluded from this analysis. For the first analysis, the 
subjective and objective data that contained the results for each of the sound source signals were 
entered into a single Pearson correlation analysis. The results are shown in Table 8.9, with the 
correlations of higher than 0.7 denoted in bold text. 
 
Objective measurement Correlation with 
means of subjective 
judgement of source 
width 
Correlation with means 
of subjective 
judgement of 
environment width 
IACCE3 -0.767 -0.699 
IACCL3 -0.294 -0.678 
PGIACCD 0.376 0.040 
PGIACCR 0.322 0.316 
IACCFFD 0.487 0.431 
IACCFFR 0.147 0.076 
ILDFFD 0.116 0.381 
ILDFFR 0.088 0.108 
Table 8.9: Table of the results of the Pearson correlation analysis between the objective 
measurements and the mean values of the subjective judgements of source width and 
environment width, that were calculated using data that was separated by the five-channel 
microphone technique and the sound source signal. 
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It is apparent from this analysis that the measurements that are based on quantifying the interaural 
cross-correlation coefficient of the impulse response were most successful in predicting the source 
width and environment width of the stimuli. In order to investigate the reason why the other 
measurement techniques were unsuccessful at predicting the perceived spatial effect that was 
created by the experiment stimuli, the data were analysed further by examining scatter plots of the 
objective data against the subjective data for each of the sound source signals. Two of these plots 
are shown in Figure 8.4 and Figure 8.5.  
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Figure 8.4: Scatter plot of the means of the subjective judgements of source width and the 
interaural cross-correlation coefficients that were measured over the first 80 ms of the 
impulse response (IACCE3), calculated using data that was separated by the five-channel 
microphone technique and the sound source signal.  
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Figure 8.5: Scatter plot of the means of the subjective judgements of source width and the 
interaural cross-correlation coefficients that were measured of the active sound source 
segment (PGIACCA), calculated using data that was separated by the five-channel 
microphone technique and the sound source signal. 
 
It is apparent from Figure 8.5 that the perceptually grouped interaural cross-correlation coefficient 
that was measured of the active sound source segment of each stimulus was well correlated with 
the subjective judgements of source width for each of the sound source signals when each sound 
source signal was considered individually. However, it was apparent that there were differences 
between the measured results of the different sound source signals, which meant that when the 
data for all of the sound source signals was entered into a single correlation calculation, the 
correlation was low.  
 
It is interesting to note that the difference between the measured results for each sound source 
signal seems to be related to the frequency content of the sound source signals. It appears that the 
sound source signals with more low frequency content create a lower result from the PGIACC 
measurement than the higher frequency sound source signals. This may be related to the frequency 
dependency of the interaural cross-correlation coefficient that was discussed in Chapter 1. 
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In order to investigate the accuracy of each measurement for each individual sound source signal, 
the correlation between the subjective and objective results was calculated individually for each 
sound source signal. The results for the judgements of source width are shown in Table 8.10, and 
the results for the judgements of environment width are shown in Table 8.11. The mean values of 
the correlation results for each of the sound source signals were also calculated and are shown in 
the right hand column of the tables. As for the previous results tables, correlations of higher than 
0.7 are denoted in bold text. 
 
Correlation with means of subjective judgement of 
source width 
Objective 
measurement 
C
el
lo
 
Sn
ar
e 
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t 
V
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A
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IACCE3 -0.771 -0.791 -0.779 -0.750 -0.773 
IACCL3 -0.301 -0.335 -0.286 -0.268 -0.297 
PGIACCA 0.969 0.886 0.636 0.852 0.836 
PGIACCR 0.636 0.158 0.535 0.541 0.468 
IACCFFA 0.957 0.610 0.365 0.906 0.709 
IACCFFR 0.503 0.119 0.217 0.688 0.382 
ILDFFA 0.350 0.177 0.942 0.192 0.415 
ILDFFR 0.691 0.138 0.559 0.196 0.396 
Table 8.10: Table of the results of the Pearson correlation analysis between the objective 
measurements and the mean values of the subjective judgements of source width including 
the data from all the sound source signals, calculated using data that was separated by the 
five-channel microphone technique and the sound source signal. 
 
It is apparent from the results that are shown in Table 8.10 that the measurements that were based 
on the interaural cross-correlation coefficient were most successful at predicting the perceived 
source width for the range of sound source signals that were used in this experiment. The 
measurements that are based on quantifying the fluctuations in interaural time or level difference 
were only well correlated with the subjective judgements for some of the stimuli.  
 
From this data, it is possible to give a rank order of the success of these measurement techniques at 
predicting the subjective judgements of source width in this experiment. As all the measurement 
techniques are divided into active sound source and reverberant segments, it is logical to only 
consider the active sound source segment in relation to the perceived source width. Based on these 
results, it appears that the perceptually grouped interaural cross-correlation measurements that 
were made of the experiment stimuli (PGIACCA) were most highly correlated with the subjective 
data. This was followed by the interaural cross-correlation measurements that were made of the 
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impulse responses (IACCE3) and then the measurements of the fluctuations in interaural time 
difference (IACCFFA). The only measurement technique of the four that did not result in an 
average correlation of greater than 0.7 for the four sound source stimuli, was that based on the 
fluctuations in interaural level difference (ILDFFA).  
 
Correlation with means of subjective judgement of 
environment width 
Objective 
measurement 
C
el
lo
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e 
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V
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A
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IACCE3 -0.850 -0.694 -0.841 -0.803 -0.797 
IACCL3 -0.583 -0.694 -0.685 -0.742 -0.676 
PGIACCD 0.954 0.596 0.780 0.902 0.808 
PGIACCR 0.827 0.826 0.828 0.541 0.756 
IACCFFD 0.924 0.667 0.695 0.906 0.798 
IACCFFR 0.759 0.819 0.616 0.688 0.720 
ILDFFD 0.154 0.625 0.844 0.192 0.454 
ILDFFR 0.755 0.860 0.890 0.196 0.675 
Table 8.11: Table of the results of the Pearson correlation analysis between the objective 
measurements and the mean values of the subjective judgements of environment width 
including the data from all the sound source signals, calculated using data that was separated 
by the five-channel microphone technique and the sound source signal. 
  
From the results that are shown in Table 8.11, it appears that the different types of objective 
measurement technique that were used in the experiment performed similarly in predicting the 
perceived environment width. It is interesting to note that, in the same way that was apparent for 
the results in Table 8.8, the judgements of the environment width were more correlated with the 
measurements that related to the active sound source segment than those that related to the 
reverberant segment. In this case, this was apparent for three out of the four measurement 
techniques. This result indicates that the division between the source-related and environment-
related aspects of the audio signal may not be clear, either for the measurement or for the 
perception. Therefore further research is needed to investigate the most appropriate manner of 
dividing the source-related and environment-related aspects of the signal when using complex 
stimuli. 
 
As for the previous set of data, it is again possible to give a rank order of the success of these 
measurement techniques at predicting the subjective judgements, though for the judgements of 
environment width in this experiment. For this, it is logical to only consider the segments of the 
measurement techniques that were intended to relate to the reverberation.  
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The results showed that the type of measurement that was most highly correlated with the 
subjective data in this case was the perceptually grouped interaural cross-correlation measurements 
that were made of the experiment stimuli (PGIACCR). This was followed by the measurements of 
the fluctuations in interaural time difference (IACCFFR) and the interaural cross-correlation 
measurements that were made of the impulse responses (IACCL3). Again, the measurements of the 
fluctuations in interaural level difference (ILDFFR) did not create an average correlation of greater 
than 0.7 for the four sound source stimuli.  
 
In order to evaluate the salience of the measurement techniques as a whole, including the 
calculations of both the segment that is related to the properties of the perceived sound source and 
the segment that is related to the properties of the perceived reverberation, an average was taken of 
the correlations between the objective and subjective results for these two segments. In other 
words, the average correlation between the measurements that related to the active sound source 
segment and the source width judgements that are shown in Table 8.10, and the average 
correlation between the measurements that related to the reverberant segment and the environment 
width judgements that are shown in Table 8.11 were combined. The results of this are shown in 
Table 8.12.  
 
Objective measurement Correlation with means of subjective 
judgement of environment width 
  Source 
width 
Environment 
width 
Overall 
result 
IACCE3 -0.773   
IACCL3  -0.676  
Interaural cross-correlation 
measurements made of impulse 
responses  Overall   -0.725 
PGIACCD 0.836   
PGIACCR  0.756  
Interaural cross-correlation 
measurements made of stimuli 
Overall   0.796 
IACCFFD 0.709   
IACCFFR  0.720  
Interaural time difference fluctuation 
measurements made of stimuli 
Overall   0.715 
ILDFFD 0.415   
ILDFFR  0.675  
Interaural level difference fluctuation 
measurements made of stimuli 
Overall   0.545 
Table 8.12: Table of the overall results combining the relevant correlation results from Table 
8.10 and Table 8.11 to give an overall rating for each type of objective measurement 
technique. 
 
The results of this analysis show that the interaural cross-correlation measurements that were made 
of the experiment stimuli (PGIACC) were most highly correlated with the subjective results when 
both subjective attributes were taken into account. This was followed closely by the interaural 
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cross-correlation measurements that were made of the impulse responses (IACC), and then the 
measurements of the fluctuations in interaural time difference (IACCFF). The measurements of the 
fluctuations in interaural level difference were least correlated with the subjective data (ILDFF). 
 
It must be noted that the difference in the correlation results between the three most highly 
correlated measurement techniques was relatively small. This means that conclusive results about 
the most salient measurement type cannot be drawn from this experiment. However, it does 
indicate that, at least for the stimuli that were used in this experiment, the perceptually grouped 
cross-correlation measurement technique that was developed from the research that is contained in 
this thesis was as successful as the more established measurements that were made of the impulse 
response. Further experimentation is needed to evaluate whether there are situations in which 
either of the techniques fails to predict the subjective results. 
 
8.8 Discussion 
8.8.1 Discussion of the results of the experiment 
 
The purpose of this experiment was to evaluate the descriptors that had been elicited from the 
subjects in the previous experiments, and to examine the relationship between a number of 
objective measurements and the subjective results.  
 
The spatial attribute descriptors that had been elicited in the subjective experiments that were 
described in Chapter 4 to Chapter 6 were evaluated in a number of ways. The first measure of the 
value of the spatial attribute descriptors was to examine whether they could be employed as 
descriptors for subjective judgement scales. Anecdotal information that was gained from the 
subjects indicated that they had no problems with using the judgement scales. In addition, as the 
results from this grading experiment matched the expectations that were set out in Section 8.2, this 
showed that the subjects could give useful and meaningful grades using these scales. The error that 
was apparent in the results was also evaluated to give an indication of whether the subjects could 
make meaningful grades using judgement scales that were based on these descriptors. This showed 
that the value for the mean squared error term in the results of the ANOVA for the judgements of 
source width was typical for this type of experiment. The value for the mean squared error term for 
the judgements of environment width was higher, though this was likely to be due to the fact that 
the scale of the environment width had no intermediate anchor points for reference. It was 
concluded from these results that the subjects could relate to the descriptors that were elicited, and 
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that they could give meaningful results on grading scales whose meaning was described by the 
elicited descriptors.  
 
The second measure of the value of the spatial attribute descriptors was whether the subjects could 
discriminate between the meaning of the two scales, and whether they could grade them 
independently. This was examined by calculating the correlation between the judgements that were 
given on the two scales. The results of this showed that there was a low correlation between the 
two sets of results, which indicated that the subjects could differentiate between the meaning of the 
two scales. 
 
The final measure of the value of the spatial attribute descriptors examined whether these 
attributes that had been elicited using noise stimuli were relevant for programme material that was 
more similar to that which may be sounded in a concert hall or through a reproduction system. The 
fact that statistically significant differences were present in the results indicated that the more 
externally valid stimuli contained differences that could be indicated using the two spatial attribute 
scales that had been elicited using the noise signals. Therefore, it appears that the subjective 
attributes that were elicited using noise signals could be applied to more externally valid music and 
speech signals. 
 
The salience of the objective measurement techniques that were developed from the research and 
experimentation that is described in this thesis were also examined in this experiment. This was 
conducted by making measurements of the experimental stimuli and of impulse responses that had 
been processed in an identical manner to the experimental stimuli. The measured results were then 
compared with the subjective judgements of the experimental stimuli. The success of these 
measurement techniques was then judged, based on how accurately they matched the subjective 
results for this experiment. 
 
Two types of measurement technique were employed. The first type was representative of the 
extant methods that have been employed to quantify the spatial parameters of the acoustics of 
concert halls. The second type was based on the developments that have been made through the 
research and experimentation that are described in this thesis. The predominant difference between 
the two types of measurement was the following. The extant methods quantified the properties of 
the measured impulse responses, and divided the source-related and environment-related segments 
by the use of a single point in time. Conversely, the novel measurements quantified the properties 
of the stimuli themselves and divided the source-related and environment-related segments by the 
use of perceptual grouping.  
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The novel measurement methods also included techniques that were based on both calculations of 
the interaural cross-correlation coefficients and calculations of the fluctuations in interaural time 
and level difference. By comparing the accuracy of each of these techniques at matching the 
subjective judgements, an indication could be gained of which perceptual process may be 
employed in judging the perceived spatial attributes. This was based on the assumption that if the 
perceptual process that is employed is similar to one of these measurement techniques, it is likely 
that this technique will produce results that are more similar to the subjective judgement. 
 
The comparison between the extant measurement techniques and the perceptually grouped 
measurement techniques indicated that, for the subjective judgements for each of the sound source 
signals, the perceptually grouped interaural cross-correlation measurement matched the subjective 
judgements more closely than the extant interaural cross-correlation measurement. However, the 
difference between the results was small, indicating that the two measurement techniques 
performed equally well. This result is not as conclusive as the author had hoped, though it is an 
indication that the novel measurement is as successful as the extant measurement in this case. In 
addition, the author believes that, as the novel measurement has been developed in a more 
perceptually valid manner, it may match the subjective judgements in more situations than the 
extant measurement. However, further investigation is required to confirm this.  
 
This analysis also uncovered the fact that the results of the perceptually grouped measurements 
could not be directly compared across the different sound source signals. This was indicated by the 
low correlation between the objective and subjective results when the data from all the sound 
source signals were entered into a single analysis, as shown in Table 8.9. This is a problem if the 
measurement technique is required to quantify the properties of any type of stimulus that may be 
reproduced in a concert hall or through a sound reproduction system. However, this measurement 
could still be used to compare the results of reproducing identical test stimuli or exemplary items 
of programme material in different acoustical environments or through different processing or 
reproduction systems. Nevertheless, this is a limitation to the measurement technique that requires 
further research to resolve. 
 
The perceptually grouped measurement technique that is based on the interaural cross-correlation 
and the perceptually grouped measurement techniques that are based on the fluctuations in 
interaural time and level difference were also compared. The results from all the correlation 
analyses that were undertaken showed that overall, the measurements of the fluctuations in 
interaural level difference were poorly correlated with the subjective results. The measurements of 
the fluctuations in interaural time difference were more successful, and in most cases these were 
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almost as correlated with the subjective results as the interaural cross-correlation measurements. 
The fact that the measurements based on the interaural cross-correlation coefficient were more 
closely correlated with the subjective results indicates that the perceptual mechanism that is 
involved in perceiving these spatial attributes of auditory stimuli may be based on a process that is 
similar to cross-correlation. However, as the difference between the success of the measurements 
was small, further research is needed to confirm this. 
8.8.2 Limitations of the objective measurements 
 
The analysis of the objective measurement results uncovered a number of limitations in the 
measurement techniques that need to be addressed. The first of these is that the measurement 
techniques that were employed in this chapter cannot quantify the properties of more than one 
simultaneous sound source. As mentioned in Chapter 7, some form of model of auditory streaming 
that can segregate the physical cues that are associated with different sound sources would be 
required in order to measure the properties of multiple sound sources.  
 
The second limitation was that the research that was outlined in Chapter 1 indicated that the 
interaural cross-correlation that is required to create a certain perceived width was dependent on 
the audio frequency of the signal. Therefore in order for the measurement to be accurate at all 
audio frequencies, it may be that a frequency-based weighting is required in order to compensate 
for the variable subjective effect. The measurements of the interaural cross-correlation coefficient 
that were employed in the experiment that is described in this chapter may have been limited by 
the fact that this had not been taken into account. The lack of a frequency-based equal perception 
weighting may not cause a problem for wide-band signals where the perceived width is similar at 
all frequencies. However, it will be an issue when comparing narrow-band signals of different 
audio frequencies. It is possible that this contributed to the perceptually grouped interaural cross-
correlation measurement being unable to make comparable measurements of the different sound 
source signals. Research is needed to investigate the magnitude of the weighting that will be 
required at different frequencies, and whether this needs to be applied to the relevant measurement 
techniques. 
 
The third limitation of the measurement techniques that were employed in this chapter was that the 
loudness of the stimuli had not been considered. There is evidence to suggest that the loudness of a 
stimulus affects the perceived spatial properties, as discussed in Chapter 1. Research is needed to 
confirm whether this is the case, and to investigate the precise relationship between the loudness 
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and other physical parameters that affect the perceived spatial properties. This research then needs 
to be applied to further develop the objective measurement techniques. 
 
The fourth limitation of the objective measurements involved the weighting of the results by the 
audio amplitude. This is included to minimise the effect of noise in the measurements. However, it 
may also have affected the results in other ways. One parameter that will affect the amplitude-
weighted measurement results is the reverberation time of a stimulus. If two stimuli are compared 
with identical levels of interaural cross-correlation but different reverberation times, and the 
measurements are made over the same duration, then the amplitude-weighted measurement will 
show that the stimulus with the longer reverberation time has a lower average interaural cross-
correlation coefficient. The reason for this is that the mean amplitude of the stimulus with the 
longer reverberation time will be higher than the mean level of the stimulus with the shorter 
reverberation time. The first factor that needs to be investigated is whether this difference is 
perceptually relevant. The results of the experiment that was described in Chapter 6 indicate that it 
may not be the case that more reverberant stimuli are perceived to be wider. However, this result is 
not conclusive for real acoustical environments. The second factor that needs investigation is how 
this error can be avoided if it is found to be perceptually inaccurate.  
 
This is also related to the fifth limitation of the objective measurements, which is whether a mean 
value or a maximum value should be quoted as the final result. The measurements do allow the 
investigation of a wider range of data, including the results in different frequency bands and at 
different points in time. However, to enable simple comparison with other results, it is preferable 
for there to be a single figure result. The measurements that were employed in this chapter were 
mostly calculated by taking the maximum value across the frequency bands at each point in time, 
and then calculating the mean value of these maxima for the length of the segment of audio. It is 
logical that if the subjects were judging the maximum width of the stimuli, then a maximum value 
would have been more appropriate to use as the measurement result. However, a maximum value 
is more susceptible to error than a mean value, meaning that errors that may be induced by factors 
such as the lack of the frequency-based weighting that was mentioned earlier, would be greater for 
a maximum value than a mean value. It may be that if all the segments of the objective 
measurement technique are correct, then the maximum value can be used as the output of the 
measurement. However, until that is the case, the mean value may be more appropriate.  
 
The final limitation of the objective measurements that were employed in this chapter was the 
difficulty of accurately selecting segments of the stimuli that solely contained either direct sound 
source or reverberant components. Indeed, for some of the stimuli it was difficult to perceive the 
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point in time at which the direct sound ended. Further research is required to determine exactly 
how the source-related and environment-related aspects of the sound are divided in this case, and 
whether there is a common approach that can be applied to all source signals. In addition to this, it 
was difficult to select identical segments from each of the stimuli that contained the same sound 
source signal but with different microphone techniques. This task could be simplified by using pre-
determined sound source signals, of which the exact start and end points could be calculated. 
However, it would be preferable if a technique could be developed to automatically divide the 
physical parameters that are related to the source and the physical parameters that are related to the 
acoustical environment. The creation of such an automated technique would require a great deal of 
further research.  
 
8.9 Summary 
 
This chapter described the experiment that was undertaken to evaluate the results of the research 
and experimentation that was described in this thesis. For this experiment, the subjective spatial 
attribute descriptors that had been elicited in the subjective experiments were used as grading 
scales for judging the spatial attributes of a number of auditory stimuli in order to investigate their 
value. In addition, the objective measurement techniques that resulted from the research were 
assessed by comparing the objective results with the subjective judgements. 
 
The method that was used to create the stimuli was specified in Section 8.2, for which a number of 
anechoic sound sources were convolved with impulse responses of a simulated source, acoustical 
environment and a number of microphone techniques. The resulting sound files were reproduced 
over a five-channel loudspeaker arrangement in a standard listening room. The stimuli were 
intended to be representative of the types of stimuli that may be produced in a concert hall and 
reproduced over a multichannel reproduction system. However, in order to make the experiment 
practical, the stimuli only consisted of single sources, the recorded acoustical environment was 
simulated in CATT-Acoustic, and only one simulated acoustical environment was used. 
 
The spatial attributes of the stimuli were judged using two grading scales that were described using 
the descriptors that had been elicited from the subjective experiments that were summarised in 
Chapter 4 to Chapter 6. These results were then analysed using an analysis of variance, which 
showed that the perceived source width was predominantly altered by the front microphone 
technique, and that the perceived environment width was predominantly altered by the rear 
microphone technique. The fact that the experiment resulted in statistically significant results with 
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a relatively low error, and the fact that the results matched the prior expectations, indicated that the 
subjects could grade the spatial attributes of the stimuli in a meaningful, consistent and reliable 
way by using the descriptors that had been elicited. This also indicated that the descriptors that had 
been elicited using noise stimuli could be applied to more externally valid stimuli.  
 
Objective measurements were made of the experimental stimuli or of impulse responses that had 
been processed in an identical manner to the stimuli, and these were compared with the subjective 
results. This showed that the novel perceptually grouped interaural cross-correlation measurement 
matched the subjective judgements most accurately when the results for each individual stimulus 
were compared. However, the results of the extant interaural cross-correlation method were 
similarly correlated with the subjective judgements, so it could not be concluded that a significant 
improvement had been made. Nevertheless, this demonstrated that for this experiment, this novel 
measurement technique performed at least as well as the more established technique. Novel 
measurement techniques that were based on quantifying the fluctuations in interaural time and 
level difference were also evaluated. This showed that the fluctuations in interaural time difference 
matched the subjective results only slightly less accurately than the measurements that were based 
on the interaural cross-correlation, but that the fluctuations in interaural level different did not 
match the subjective results well overall. 
 
The results of the experiment were discussed in Section 8.8, and a number of areas that require 
further research were highlighted. It was concluded that the spatial attribute descriptors that had 
been elicited were useful as grading scales for evaluating the perceived spatial attributes of stimuli. 
It was also concluded that the novel measurement that was based on the interaural cross-
correlation performed at least as well as the extant method, and that it may match the subjective 
judgements in a greater range of situations than the extant method. In addition, it was considered 
that the perceptual process that is involved in detecting the perceived spatial attributes of auditory 
stimuli may be based on a cross-correlation process, as the measurements that were based on this 
technique matched the subjective results more reliably than the measurements that were based on 
the fluctuations in interaural time difference. However, as the difference was small, it was 
concluded that further research was required. 
 
Finally, the limitations of the objective measurement techniques were also discussed, and 
approaches for avoiding these were considered. It was concluded that further research is required 
to widen the application of these measurements, and to improve the accuracy of the measurements 
for a large range of types of stimulus.  
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9 Summary and conclusion 
 
 
This chapter summarises the research and experimentation that is described in this thesis, 
including an outline of the main conclusions that have resulted from this. The ways in which the 
work may be extended in the future are discussed, and the points that need further clarification are 
summarised. 
 
9.1 Summary and conclusions 
9.1.1 Introduction 
 
The aim of the thesis that was set out in the introductory chapter was to develop objective 
measurements that relate to the perceived spatial attributes of reproduced sound. It was believed 
that objective measurements that were closely correlated with one or more subjective spatial 
attributes could be used to replace or complement subjective judgements of stimuli. This would 
save time and money, and would be more accurately repeatable. It was also considered that an 
investigation of objective measurements would create a better understanding of the perceptual 
effect, and would increase knowledge of the physical cues that relate to this.  
 
An investigation of the literature showed that the spatial attribute of localisation had been 
investigated in detail in sound reproduction, but that other subjective attributes that contribute to 
the spatial impression had not received as much attention. However, it was also found that within 
the field of concert hall acoustics, objective measurements had been proposed that related to a 
wider range of aspects of spatial impression. 
9.1.2 Chapter 1 
 
The more common measurements that had been developed to quantify the perceived spatial 
attributes of concert hall acoustics were reviewed in detail. The measurements were divided into 
those that quantify the properties of the concert hall, and those that quantify the properties of the 
signals that reach the ears. The reasoning behind the development of each of the measurements 
was discussed. It was found that a majority of the extant measurement techniques attempted to 
divide the sound field into two main segments. The first of these was related to the perceived 
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attributes of the sound source and the second was related to the perceived attributes of the 
acoustical environment. It was also found that a majority of the extant measurement techniques 
were conducted by quantifying the properties of impulse responses that were calculated from a 
source (usually positioned on the stage) to some form of receiver (usually one of a number 
positioned in the audience) in the acoustical environment. From this, the reflections that arrived 
within 80 ms after the arrival of the direct sound were assumed to affect the perceived properties 
of the sound source, whereas the reflections that arrived after this time were assumed to affect the 
perceived properties of the acoustical environment or reverberation. 
 
The perceptual relevance of these measurements that quantify the properties of impulse responses 
was discussed. From this, it was concluded that: 
• it may be preferable to measure signals that are more representative of conventional 
programme material, as they excite the reverberant space in a different manner to impulsive 
signals.  
It was also discussed whether a separation of the source-related and environment-related aspects of 
the signal based on a single time division was appropriate. It was concluded that: 
• a segregation of the source-related and environment-related aspects of the signal based on 
perceptual grouping might be more perceptually valid than a segregation based on a single 
time division. 
 
It was also considered how these measurements that were designed for quantifying the spatial 
attributes of concert hall acoustics could be applied to sound reproduction. It was concluded that: 
• measurements that were developed for concert hall acoustics that quantify the signals that 
arrive at the ears, rather than those that quantify the properties of the acoustical environment, 
would be more likely to succeed with a wider range of types of sound reproduction.  
Of the objective measurement techniques that were reviewed, this meant that the interaural cross-
correlation coefficient was most likely to be useful in this application. It was also concluded that: 
• the most straightforward manner of applying the measurements that were developed for 
concert hall acoustics would be to quantify the properties of a recording and reproduction of a 
acoustical environment that is similar to a concert hall. 
The limitations of the application of these measurements to sound reproduction were discussed, 
and it was considered that an alternative measurement method might be more appropriate. 
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9.1.3 Chapter 2 
 
An alternative objective measurement technique that may correlate with the perceived spatial 
properties of auditory stimuli was also analysed. This technique was based on quantifying the 
fluctuations in interaural time or level difference over time. The existing studies of this physical 
cue were reviewed, and it was found that little research had been conducted in this area. From this, 
it was determined that further research was needed, including an investigation of the perceived 
subjective effect that is caused by these fluctuations. Analysis of the fluctuations in interaural time 
and level difference demonstrated that they are created by the interaction of a direct sound and one 
or more reflections. It was also demonstrated that the fluctuations that were created were 
dependent on the properties of both the source signal and the acoustical environment. The analysis 
showed that the fluctuations that were created in the part of the signal where the sound from the 
source was arriving at the receiver were different to those that were created in the part of the signal 
where there was solely reverberation. From this, it was conjectured that the fluctuations that are 
contained in each of these segments may be perceived differently, and that this required 
investigation. Further analysis of the fluctuations in interaural time and level difference indicated 
that they were intrinsically linked with the interaural cross-correlation coefficient that was 
reviewed in the previous chapter. In view of this, it was considered whether the fluctuations were 
perceived directly, or whether they were perceived due to the fact that they affect the cross-
correlation. 
 
It was also discussed that the results supported the assertion that is contained in the previous 
chapter, that measurements that are made of the properties of an impulse response with a single 
time-based division between the source-related and environment-related aspects may not 
necessarily match the perceived spatial effect of musical sound sources. This was shown by the 
fact that the measured properties of the impulses were very different to the measured properties of 
a number of musical signals. 
 
It was concluded that: 
• it was necessary to investigate the subjective effect that is caused by the fluctuations in 
interaural time and level difference before the measurements that are based on these physical 
cues could be developed further.  
As the fluctuations that were contained in the active sound source and reverberant segments were 
different, it was possible that they would be perceived differently, and therefore this also required 
investigation. In addition, it was believed that an investigation of the resulting subjective effect 
may also provide information about whether the fluctuations in interaural time and level difference 
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are perceived independently to the interaural cross-correlation coefficient. In order to examine 
these factors, a number of experiments were planned to investigate the subjective effect of these 
fluctuations. 
9.1.4 Chapter 3 
 
The most appropriate subjective experiment methodology for investigating the subjective spatial 
effect that was caused by the fluctuations in interaural time and level difference was investigated. 
As part of this, the types of stimuli that would be most suitable for these experiments were 
considered. It was concluded that: 
• artificially created stimuli that contained pre-determined physical cues would enable the 
subjective effect to be elicited most accurately, though the use of such a stimulus would 
reduce the external validity of the experiment results.  
The stimuli that were chosen were noise signals that were either amplitude or frequency 
modulated. Analysis of these signals showed that they contained sinusoidal fluctuations in 
interaural level or time difference respectively, with reasonable independence. It was considered 
that there would not be enough time available to investigate the subjective effect of fluctuations in 
both time and level difference, and therefore it was decided to concentrate solely on the 
fluctuations in interaural time difference. 
 
The experimental methodology that was required for the experiments was considered, and it was 
found that a conventional verbal elicitation method would be inappropriate. Based on detailed 
research, it was concluded that: 
• an experimental method that was a novel combination of verbal and non-verbal elicitation 
techniques would be most appropriate for eliciting the subjective spatial effect of these 
auditory stimuli.  
• the use of both absolute and relative descriptor stages would allow the elicitation of the 
maximum amount of information from the subjects.  
The methods that were available for analysing the results of the experiments were discussed, and a 
number of novel approaches were proposed. Finally, the issues of experimental subjects and 
training were discussed. It was decided that expert subjects would be most appropriate for these 
experiments, and that minimal training was preferred in order to bias the subjects as little as 
possible. 
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9.1.5 Chapter 4 
 
The first experiment that was undertaken investigated the subjective effect of noise stimuli that 
contained fluctuations in interaural time difference that were reproduced over headphones. A 
number of different stimuli were used that contained fluctuations of a range of magnitudes and 
frequencies. From this experiment, it was concluded that: 
• the stimuli that contained fluctuations at a rate of 5 Hz created a perception of movement, and 
increasing the magnitude of the fluctuations increased the width of the movement. 
• the stimuli that contained fluctuations at a rate of 10 Hz created a perception of movement that 
was less clear, and increasing the magnitude of the fluctuations increased the width of the 
movement. 
• the stimuli that contained fluctuations at a rate of 100 Hz created no perception of movement, 
and increasing the magnitude of the fluctuations increased the width of the perceived 
stationary scene component. 
However, as the stimuli were presented to the subjects over headphones, all the scene components 
were perceived to be within or close to the head, which is uncommon for sound that is reproduced 
over loudspeakers. 
9.1.6 Chapter 5 
 
In order to apply the results more directly to sound reproduction over loudspeakers, the subjective 
effect of fluctuations in interaural time difference that were contained within signals that were 
perceived to be outside the head was investigated. For this experiment, similar stimuli to those that 
had been used in the first experiment were reproduced over pairs of loudspeakers that were 
positioned at either ±30º or ±90º from the frontal median plane. As it was the stationary spatial 
impression that was caused by the fluctuations that was of interest, only stimuli that contained 
fluctuations of a frequency of 100 Hz were used in this experiment. From this experiment, it was 
concluded that: 
• a change in the magnitude of the fluctuations caused a variation in the width of the perceived 
direct sound scene component. 
• a change in the position of the loudspeakers over which the stimuli were reproduced from 
±30º to ±90º caused the scene components to move from in front of the subjects to around 
them.  
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9.1.7 Chapter 6 
 
In order to investigate whether the perceived effect of the fluctuations in interaural time difference 
would be different if they were contained within reverberation, the subjective effect of decaying 
noise stimuli that contained such fluctuations was investigated. For this, the continuous noise 
stimuli that were used in the previous experiment were modified by one of two amplitude 
envelopes that resembled reverberant decays of different durations. These were reproduced over 
loudspeakers that were positioned at ±90º from the median plane, together with an initial noise 
burst and a monophonic decay that were reproduced from a loudspeaker that was positioned 
directly in front of the subject.  From this experiment, it was concluded that: 
• a change in the magnitude of the fluctuations resulted in a variation in the width of the 
perceived acoustical environment 
• a change in the magnitude of the fluctuations resulted in no variation in the spatial properties 
of the perceived direct sound scene components.  
• a change in duration of the reverberant decay did not alter the spatial attributes of the stimuli.  
9.1.8 Chapter 7 
 
The results of these subjective experiments were then reviewed and the implications of these were 
considered. The similarity of the perceived effect that is caused by variations in either the 
magnitude of the fluctuations in interaural time difference or the interaural cross-correlation 
coefficient was discussed. It was concluded that: 
• the fluctuations in interaural time difference and the interaural cross-correlation coefficient are 
strongly related and that the perceived effect of each is similar.  
From this, it was hypothesised that they may be perceived by the use of the same perceptual 
mechanism, though the actual mechanism that is employed could not be determined. It was 
proposed that a further subjective experiment might give an indication of this.  
 
The external validity of the subjective elicitation experiments was also considered, and it was 
conjectured that it was likely that the results of the experiments could be applied to musical 
signals. However, it was proposed that this should be evaluated in a further subjective experiment. 
The relevance of these results to objective measurements was also assessed. It was discussed that 
the results supported the division of the source-related and environment-related attributes of the 
scene based on perceptual grouping, and that measurements that quantify the properties of impulse 
responses cannot create fluctuations in interaural time difference in the direct sound source 
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segment. This means that the results of these measurements cannot be applied directly to more 
continuous musical signals.  
 
As the elicitation method that was used was a novel combination of verbal and non-verbal 
techniques, the relative benefits of this were also discussed. It was concluded that: 
• it was useful to elicit the subjective effect of the stimuli by the use of more than one method 
where possible, as this reduces the risk of misinterpretation and increases the redundancy in 
the elicited data.  
The problems that had been encountered in the experiment were also considered, and possible 
improvements to the technique were suggested.  
 
Finally, an additional subjective experiment was proposed to evaluate the factors that arose from 
this research. The aim of this experiment was to assess the external validity of the attributes that 
had been elicited in the subjective experiments, and to evaluate their value as descriptors for 
grading scales. This experiment also aimed to assess the correlation between the results of the 
objective measurement techniques that were developed from this research and the subjective 
results, thereby assessing whether improvements had been made and investigating the perceptual 
process that is used in detecting the spatial properties of auditory stimuli.  
9.1.9 Chapter 8 
 
The final experiment that was undertaken used more externally valid musical and speech signals 
that were reproduced in a simulated acoustical environment, and that were captured using a variety 
of five-channel microphone techniques. These stimuli were reproduced over five loudspeakers that 
were positioned in the conventional arrangement, and the subjects were asked to judge the spatial 
attributes using two grading scales, whose meaning was denoted by the descriptors that had been 
elicited from the subjects in the previous elicitation experiments. From the results of this 
experiment, it was concluded that: 
• the subjects could relate to the meaning of the scales, and could use these to grade the 
experimental stimuli in a meaningful and consistent manner.  
• the terms that were elicited using noise stimuli could be applied to more externally valid 
stimuli.  
 
Objective measurements were then made of the experimental stimuli or of impulse responses that 
had been processed in an identical manner to the stimuli, and these were compared with the 
subjective results. It was concluded that, for this experiment: 
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• the perceptually grouped interaural cross-correlation coefficient measurement that had been 
developed through this research matched the subjective results most closely when the results 
for each individual sound source signal were compared.  
• there was little difference in the correlation results for the above measurement and those for 
the extant cross-correlation measurement, which meant that it could not be concluded that the 
novel measurement technique was significantly better than the extant technique.  
• the novel technique performed at least as well as the more established technique.  
The results of measurements that were based on quantifying the fluctuations in interaural time and 
level difference were also compared with the subjective results. From this, it was concluded that: 
• the results of the measurement of the fluctuations in interaural time difference matched the 
subjective results nearly as closely as the measurements that were based on the interaural 
cross-correlation coefficient.  
• the results of measurement of the fluctuations in interaural level difference were not well 
correlated with the subjective results.  
From this, it appeared that the perceptual process that is involved in detecting the spatial attributes 
of an auditory stimulus may be similar to a cross-correlation calculation, though further research is 
required to confirm this.  
 
Finally, the limitations of the objective measurement techniques were also discussed, and 
approaches for avoiding these were considered. It was concluded that: 
• further research is required to widen the application of these measurements, and to improve 
the accuracy of the measurements for a large range of types of stimulus.  
 
9.2 Further work 
 
A large number of factors that require further research have been highlighted in the preceding 
chapters. The most important of these are summarised here. 
9.2.1 Objective measurement technique 
 
It was argued in Chapter 1 and Chapter 2 that objective measurements that quantified the 
properties of calculated impulse responses were not directly related to the perception of musical 
programme material, due to the differences between impulses and more continuous musical tones. 
In addition, it was claimed that the division of the source-related and environment-related aspects 
of a signal based on a single time division was not appropriate for more continuous signals. The 
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results of the experiments that were described in this thesis supported these hypotheses, though it 
was noted that further experiments are required to confirm these results. Such experiments could 
also be used to investigate whether there are situations in which the extant measurement 
techniques fail to match the subjective effect whilst the novel measurement techniques that are 
based on perceptual grouping are still effective. 
 
The objective measurement techniques that divide the source-related and environment-related 
aspects of the signal based on perceptual grouping currently rely on the manual selection of 
segments of the stimuli that represent each of these aspects. It was found that this was difficult to 
undertake accurately and reliably, and that an automated process would be preferable. In order to 
create such a technique, a great deal of research into auditory scene analysis and perceptual 
streaming would be required. As an alternative, a set of pre-determined sound source signals could 
be created that are representative of the type of programme material that may be produced in a 
concert hall or through a sound reproduction system. This would mean that the exact start and end 
points of the stimuli could be calculated, which would make the measurement more practical. 
However, in this case research would be required to investigate the most appropriate sound source 
signals. 
 
It is apparent that the objective measurement techniques that were employed in this thesis could 
only quantify the properties of a single simultaneous source. If it was necessary to measure more 
than one sound source, it is possible that some form of model of the perceptual process of auditory 
streaming may enable the segregation of the physical cues that are related to each of the sources. 
The development of such a model would require a great deal of further research. 
 
It was discussed in Chapter 1 that the magnitude of the perceived spatial effect for a given 
magnitude of the physical cue may be dependent on the audio frequency of the signal. This was 
specifically mentioned for the interaural cross-correlation coefficient, where a higher cross-
correlation at lower audio frequencies caused the same perceived spatial effect as a lower cross-
correlation at higher audio frequencies. If this is the case, then a weighting of the measured result 
is required that is dependent on the audio frequency. Further research is therefore required to 
determine the weighting that is necessary at a range of audio frequencies, in order for the objective 
measurements to match the subjective results accurately. 
 
Also of importance is to investigate the minimum difference between two measured results that 
can still be perceived (the just-noticeable difference). In other words, if the measurements of two 
stimuli give slightly different results, it is necessary to be able to determine whether this difference 
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will be perceivable or not. It is possible that this will be dependent on the audio frequency of the 
stimulus and on the magnitude of the measured result. Therefore a detailed study into this aspect is 
required in order to interpret the results in a meaningful way.  
 
It was also found in the research that was summarised in Chapter 1 that the subjective spatial effect 
of stimuli may be dependent on the perceived loudness. Research is needed to confirm this, and to 
determine the relationship between the loudness and other physical parameters that affect the 
perceived spatial attributes. This is also related to the weighting of the results by the audio 
amplitude that is employed in a number of the measurements that have been used. This was intially 
introduced to reduce the effect of noise on the measured results, though it is possible that the 
results should be weighted in favour of the louder parts of the signal that may be more perceptually 
prominent. This needs to be investigated further. The results of these investigations then need to be 
applied to developing the objective measurement techniques. 
9.2.2 Specific measurement implementation issues 
 
There are a number of ways in which the specific measurements that were developed as part of this 
research can be improved, as discussed in the relevant appendices. A number of these factors that 
require further research are summarised here. 
 
All of the measurements that were developed employ a basic simulation of the frequency 
selectivity of the ear. It is possible that the implementation of a more complex model of the human 
hearing mechanism, including aspects such as modelling of the basilar membrane and the neural 
responses, will mean that the measurements will match the subjective results more accurately. 
However, research and analysis is required to implement this and to evaluate whether this results 
in any improvement. 
 
Further research is also required to determine the optimum parameters of a number of factors of 
the cross-correlation calculation segments that are applied in two of the measurement techniques. 
The first is to investigate whether the cross-correlation should be measured across a range of τ of ± 
1 ms, or whether a wider range is required. The second is to evaluate the optimum window length 
of the calculations for the different types of measurement, and whether this should vary across the 
range of audio frequencies. The third is to evaluate whether a more advanced model of the cross-
correlation would make the results of the measurement more accurate. 
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The level difference calculation that is applied in one of the measurement techniques also requires 
further research, in order to make the calculation more perceptually accurate and to improve the 
rejection of the errors that are caused by the instantaneous signal level and interaural time 
differences. 
 
The method that is currently used to quantify the loudness of the audio signals in these objective 
measurements is a simple amplitude measurement. It is possible that a more perceptually accurate 
measurement of loudness would be more appropriate. This needs to be evaluated, and the benefits 
of such a modification need to be assessed. 
 
For the measurements that quantify the fluctuations in interaural time and level difference, the 
range of frequencies of the fluctuations that are most salient to the perceived spatial effect need to 
be determined. Within this range, it also needs to be investigated whether the fluctuations of 
different frequencies have equal perceptual importance. 
 
The measurement techniques are all currently implemented using MATLAB, which whilst being a 
flexible development tool, means that the measurements take a long time to process. It would be 
useful to optimise the calculations in order to create a real-time measurement, so that the 
experimenter can gain instant feedback on any modifications that are made to the item under test. 
The measurements are also currently implemented to be as flexible as possible, in order to allow 
easy selection of a number of the parameters of the calculations. Once the optimum values of these 
parameters are determined, it would be useful to then simplify the method of measurement and 
create a more intuitive user interface. 
9.2.3 Subjective spatial attributes 
 
A number of aspects that relate to the perception of the spatial attributes of stimuli also need to be 
investigated beyond those that are necessary for further development of the objective 
measurements that are described above. 
 
Due to the limited time that was available to complete the research, it was not possible to 
investigate the subjective effect that is created by the fluctuations in interaural level difference. 
The results of the evaluation experiment that was described in Chapter 8 indicated that the results 
of the measurements of the fluctuations in interaural level difference were poorly correlated with 
the subjective judgements of source width and environment width. It may be that this physical cue 
relates to an alternative subjective attribute, and this needs to be investigated. 
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As the subjective effect that is caused by variations in the magnitude of the fluctuations in 
interaural time difference and the interaural cross-correlation coefficient were perceived to be 
similar, it was concluded that it was likely that they were perceived by the use of the same 
perceptual process. In addition, as the measurements that were based on the cross-correlation 
coefficient were slightly more correlated with the subjective results, it was concluded that the 
perceptual process may be similar to a cross-correlation calculation. However, further research is 
required to investigate these results in more detail. 
 
The perceived spatial effect of physical attributes that are contained within the different segments 
of musical tones or speech signals also needs further research. This includes an investigation of 
whether the physical cues are perceived similarly if they are contained within the onset or the 
decay of a note, or whether some form of perceptual suppression or sluggishness is involved. It is 
also necessary to investigate the transition between the direct sound source segment and the 
reverberant segment of auditory stimuli, as it is unlikely that the division is similar to a simple 
switch. 
 
Finally, this research needs to be expanded to investigate how the physical parameters of complex 
musical and speech stimuli that contain a mixture of transient and sustained sounds are perceived. 
If this research indicates that the complex stimuli can be subdivided into a number of 
representative components, it may be possible to precisely predict the perceived effect of a wide 
range of musical or speech signals, based on the known perceived effect of each of the component 
blocks. 
 
9.3 Summary 
 
This thesis has investigated objective measurements that relate to the perceived spatial attributes of 
reproduced sound. Research has been conducted into extant measurements that aim to quantify the 
perceived spatial attributes of concert hall acoustics, and those that are most likely to be successful 
for measuring the properties of reproduced sound have been identified. A relatively new 
measurement technique that may relate to the perceived spatial effect has also been analysed. This 
has been investigated in detail, and the subjective effect that this measurement relates to has been 
elicited in a number of subjective experiments. This research has been applied to the development 
of novel objective measurement techniques, and to the specification of the subjective attributes 
that relate to these techniques. A final evaluation experiment has found that subjects can relate to 
the attribute descriptors that have been elicited, and that the novel objective measurement 
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techniques that have been developed match the subjective data at least as well as the extant 
measurement techniques. Conclusions have been reached regarding a number of aspects of 
subjective perception, experimental method and objective measurement, and the further research 
that is required has been outlined. 
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Appendix A The perceptually grouped interaural cross-
correlation coefficient 
 
 
This chapter summarises the measurement of the interaural cross-correlation coefficient that 
separates the source-related and environment-related aspects of the sound based on perceptual 
grouping. This measurement was developed by the author as an analysis tool for use in the 
research and experimentation that is described in this thesis. An overview is given of the 
individual processes that are contained in the measurement, which is followed by a detailed 
analysis of these processes, including an explanation of the reasoning behind the decisions that 
were made. The measurement is then tested to prove its salience for basic test signals. Finally, the 
limitations of the measurement are discussed, along with an evaluation of the additional research 
that is required for further development. 
 
A.1 Overview of the measurement 
 
In order to quantify the objective parameters of the stimuli that were used in the experiments, a 
number of novel measurement techniques were developed during this research. The measurement 
that is described in this appendix attempts to quantify the interaural cross-correlation coefficient of 
an audio signal, with a division between the source-related and environment-related aspects of the 
stimulus based on perceptual grouping. The perceptual grouping is a division of the physical cues 
that are contained within the signal into those that will be perceived to be an attribute of the 
source, and those that will be perceived to be an attribute of the acoustical environment. The cross-
correlation calculation itself is unaltered from the standard equation, though it is incorporated into 
a more complete measurement and analysis model. The resulting measurement has been termed 
the perceptually grouped interaural cross-correlation coefficient (PGIACC), and it has been 
implemented by the author in MATLAB. 
 
The initial stage of the measurement involves the selection of the segments of the binaural signal 
that are perceived to be source-related or environment-related. As there are currently no automated 
methods for achieving this, it is usually undertaken manually, in which the experimenter is 
required to edit the stimulus into the separate segments. The separate segments are then entered 
into the measurement individually.   
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The stages that are involved in the measurement are shown in the block diagram in Figure A.1. 
The initial stage of the analysis allows the option of one of a number of different filterbanks to 
imitate the frequency selectivity of the ear. This division of the binaural signal into a number of 
frequency bands is included to allow investigation of the measured parameters in different 
frequency ranges, and also to allow the inclusion of some form of weighting by audio frequency 
that may be required for the measurement to match the perceived effect more accurately, as 
mentioned in Chapter 1. Each of the filtered signals is then passed through the interaural cross-
correlation coefficient calculation, where the maximum cross-correlation at each point in time is 
calculated. The signals are also passed through a simple signal amplitude measurement. The 
results of the cross-correlation calculations can then be weighted by the signal amplitude. 
 
The results are then inverted to give a positive correlation with the magnitude of the subjective 
effect. These are then filtered to imitate the maximum rate of change of the cross-correlation that 
can be perceived, based on the results of Grantham [Grantham 1982]. The measurements that were 
made in each frequency band are then combined to find the maximum inverted cross-correlation 
coefficient across the audio frequencies at a given point in time. The mean of these maxima is then 
calculated to give a single value output, to allow simple comparison with subjective judgements. 
 
A number of the factors in the measurement are optional, including the type of filterbank that is 
employed and the type of post processing. More information can be gained by examining the 
measurements that are made in each frequency band and over time, though it is often more 
convenient to have a single value output for simple comparison. 
 
 
 
 
 
  
 
Appendix A The perceptually grouped interaural cross-correlation coefficient 
 Page 291 
 
Figure A.1: Block diagram of the current implementation of the PGIACC. 
 
A.2 Details of each section of the measurement 
 
Section A.1 gave an overview of the components of the measurement. This section describes each 
of these components in more detail, and explains the choices that were made. 
 
 Cross-  Cross- 
correlation 
measurement 
Mean of maximum magnitude of cross-correlation 
Signal amplitude measure 
Cross- 
correlation 
calculation 
segment 
Maximum magnitude of cross-correlation 
Inversion and filtering of results 
Weighting by signal amplitude 
Left ear signal Right ear signal 
Filter 
bank 
Filter 
bank 
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A.2.1 Auditory filterbank 
 
The auditory filterbank that is used in the measurement can be chosen from a number of options. 
The filterbank is included for two main reasons. Firstly, this allows the investigation of the 
properties of the item under test in different frequency ranges which may be useful in some 
situations. Secondly, the research that was discussed in Chapter 1 indicated that the magnitude of 
the perceived spatial effect for a given interaural cross-correlation may be dependent on the audio 
frequency of the signal. The separation of the signal into a number of frequency bands allows a 
frequency-based weighting to be implemented to compensate for the frequency-dependent 
relationship between the cross-correlation coefficient and the perceived effect. If required, it is also 
possible to bypass this stage of the measurement, to give a calculation of the characteristics of the 
entire frequency range of a signal, or for simpler analysis of narrow-band source signals.  
 
The default filterbank for this measurement is a gammatone filterbank, which creates 21 frequency 
bands with centre frequencies ranging from 100 to 2500 Hz. The filterbank that is employed is 
based on the code that was written by Slaney (described in detail in [Slaney 1993]), which was 
subsequently edited by Irino. The MATLAB script is available as part of an auditory toolbox from 
http://www.acoustics.hut.fi/software/HUTear/. It is possible to use improved models of the 
auditory filterbank, such as a gammachirp filterbank [Irino and Patterson 1997]. However, even 
though this type of filter gives a more accurate simulation of the human auditory frequency 
selectivity, it requires substantially more processing power and the binaural sound files need to be 
captured with reference to a calibrated signal level. In view of this, the author considered that the 
gammatone filterbank was the most suitable compromise between the highest filter accuracy for 
matching the information that is available about human auditory frequency selectivity, and 
simplicity of implementation and speed of processing. 
 
Other filterbank options are available, including 1/3rd octave and one-octave filters that allow 
direct comparison with extant measurement techniques. However, the gammatone filterbank is 
most commonly applied. 
A.2.2 Cross-correlation calculation segment 
 
The cross-correlation calculation segment of the measurement uses a consecutive series of 
interaural cross-correlation calculations, which are made by using Equation 1.4. The default 
maximum interaural delay over which the measurement is made (τ in Equation 1.4) is 
approximately ±1 ms, in order to cover the range of interaural time differences that are possible 
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due to the physical separation of the ears. However, it is possible to specify this aspect of the 
measurement so that other ranges of interaural delay can be measured, such as the ±3 ms range 
that was suggested by Potter, Raatgever and Bilsen [Potter et al. 1995b]. 
 
It is also possible to specify the window length over which the interaural cross-correlation is 
measured (t1 to t2 in Equation 1.4). The default value for this is 50 ms, though the optimum value 
has yet to be discovered. The 50 ms setting is based on the requirement of the interaural cross-
correlation calculation that the window length should be at least five times the period of the lowest 
audio frequency of interest, in order to avoid end effects [Ifeachor and Jervis 1993].  
 
The length of the window also has a bearing on the minimum frequency of the fluctuations in 
interaural time and level difference above which affect the measured cross-correlation coefficient. 
A longer window will cause fluctuations of a lower fluctuation frequency to affect the measured 
cross-correlation, whereas a shorter window will mean that only more rapid fluctuations will affect 
the measured cross-correlation. This attribute can be employed to separate those fluctuations that 
will be perceived as movement from those that will alter the stationary spatial attributes of the 
stimulus. Therefore the length of the cross-correlation window can be set to match the data that is 
available on the maximum rate of fluctuations in interaural time and level difference that are 
perceivable. Further research is required to implement this research in the measurement. 
 
It is common in cross-correlation measurements to use the maximum absolute value as the 
indicator of the perceived subjective effect. However, the author considers that the perceived effect 
of a negatively correlated signal is very different to that of a positively correlated signal, as 
discussed in Chapter 1. Therefore the default is for the maximum raw value of the cross-
correlation coefficient across the range of values of τ to be used, though it can be specified to use 
the maximum absolute value if required. 
 
If the cross-correlation calculations were implemented so that they started from consecutive 
samples, this would give a large overlap between the individual calculations, and a large number 
of calculations would be required. In order to increase the speed of the measurement and to 
remove unnecessary overlap in the calculations, a spacing between each of the consecutive 
measurements was introduced. The calculations had to be frequent enough to allow the detection 
of relatively rapid variations in the interaural cross-correlation coefficient, as it was found that 
variations up to a rate of 500 Hz can be detected [Pollack 1978]. As a compromise between the 
maximum rate of variation that is detectable and the duration of time that is required to process a 
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measurement, a gap of 64 samples was chosen. This gave a maximum quantifiable rate of variation 
of the cross-correlation of approximately 345 Hz (assuming a sample rate of 44100 Hz). 
A.2.3 Signal amplitude measure 
 
It was found in preliminary investigations that measurements of the interaural cross-correlation 
coefficient were strongly affected by any noise that was present in a stimulus. There is also 
evidence that the spatial effect of the stimulus is affected by the loudness, as described in Chapter 
1. In addition, the author considered that the segments of the signal that were louder might be more 
perceptually prominent and would therefore contribute more to the perceived spatial effect. In 
view of this, an option to weight the output results by the amplitude of the signal was added. 
 
The current implementation uses a simple calculation of the signal amplitude as an indication of 
the loudness of the audio signal at a given point in time and in each frequency band. The signal 
amplitude is calculated as the mean absolute signal level of the windowed section of the two 
binaural channels of each of the cross-correlation calculations. In this way, the audio amplitude 
measurement is synchronous with the interaural cross-correlation coefficient calculation, and it 
receives similar smoothing due to the length of the cross-correlation window and the spacing of 
the consecutive cross-correlation calculations. The resulting calculated signal amplitude is then 
normalised by the maximum amplitude over the duration of the measured stimulus. It was found 
that weighting the output of the cross-correlation calculations with this amplitude measurement 
resulted in the measurement being biased too strongly in favour of the louder aspects of the sound. 
In order to counter this, a logarithmic representation of the signal amplitude was employed. 
 
This measurement of the signal amplitude is a basic and practical indication of the loudness of the 
signal. Whilst this is suitable for reducing the effect of noise in the measurement, it may be that a 
more comprehensive loudness measure is necessary in order to give a more perceptually valid 
indicator of the perceptual prominence of a given part of the signal. In order to determine this, 
further research is required into the perception of complex stimuli that are of different loudness, 
and the interaction of signal loudness and audio frequency. 
A.2.4 Weighting by signal amplitude 
 
This segment of the measure is a simple multiplication of the output of the cross-correlation 
calculation over time and in each frequency band, and the corresponding measured signal 
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amplitude. This weighting is optional, though it is employed for the majority of the measurements 
in order to reduce the effect of noise in the stimuli. 
A.2.5 Inversion and filtering of results 
 
The results of the measurement can be filtered in order to match the empirical data that is available 
on the maximum rate of variation of the interaural cross-correlation that can be perceived. The 
results of Grantham and Wightman indicated that the ability of the human perceptual system to 
perceive variations in the cross-correlation of a signal deteriorated above a rate of variation of 
approximately 4 Hz [Grantham and Wightman 1979]. However, Pollack found that the variations 
could still be perceived up to a rate of approximately 250 to 500 Hz [Pollack 1978]. Grantham 
conjectured that these results were not contradictory, but that the effect could be imitated by a low-
pass filter with a cut-off frequency of 4 Hz and a relatively gentle slope of attenuation of less than 
6 dB per octave [Grantham 1982]. This was approximated using a first-order elliptic IIR filter, 
which gave a response of approximately -3 dB at 4 Hz, approximately -28 dB at 100 Hz, and 
approximately -42 dB at 250 Hz. The frequency response of this filter is plotted in Figure A.2.   
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Figure A.2: Plot of the frequency response of the smoothing filter that is employed in the 
analysis of the interaural cross-correlation coefficient calculation data, based on the research 
of Grantham [Grantham 1982]. 
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A.2.6 Analysis of the output 
 
The output of the measurement can be analysed in a number of ways. The simplest way is to 
examine the raw data in each of the frequency bands and over time. This provides a detailed 
evaluation of the measured results. It is also possible to view the measured cross-correlation for all 
the values of τ, in all the frequency bands and at each point in time.  
 
As mentioned in Section A.1, to allow simple comparison between stimuli, it is useful to provide a 
single figure output from a measurement. In order to create this output, the interaural cross-
correlation coefficient that has been calculated for each frequency band over time is displayed in a 
form that is similar to a spectrographic analysis, as shown in the upper plot of Figure A.3, where a 
darker shade denotes a higher inverted, weighted and filtered cross-correlation coefficient. The 
maximum inverted, weighted and filtered cross-correlation coefficient across all of the frequency 
bands at each point in time is then calculated, and the resulting values are then displayed in the 
lower plot, as shown in Figure A.3. The mean and the maximum values of the lower plot are then 
calculated and are shown in the lower right hand corner of the figure. 
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Figure A.3: Output from the PGIACC, displaying the interaural cross-correlation coefficient 
that was measured in each audio frequency band over time in the upper plot, that has been 
inverted, weighted by the audio amplitude and filtered, with a darker shade denoting a 
higher inverted cross-correlation, the maxima of these measured cross-correlations over the 
range of audio frequencies are shown in the lower plot, and the maximum and mean values 
of the lower plot are shown on the lower right hand side. 
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The author initially considered that the maximum value that resulted from this analysis would be 
the most appropriate to compare with the subjective judgements. However, experience showed that 
this was more susceptible to measurement error than the mean value. Therefore, the usual figure 
that is quoted is the mean value in Figure A.3, which is the mean of the lower plot. 
 
A.3 Response of the measurement to simple test signals 
 
The PGIACC measurement technique was evaluated using a number of different simple test 
signals.  
 
The first type of signal that was measured consisted of two identical noise signals, one of which 
was fed to each ear. As this signal is correlated, it was predicted that the measured value would be 
low, as the result of this measurement should be an inverse of the correlation coefficient. Both the 
maximum and mean value of the PGIACC measurement for this signal was 0. This indicated that 
the measurement correctly quantified the correlation of this simple correlated signal. 
 
The second simulation was of a 50 ms noise burst that was positioned at 0° elevation and 0° 
azimuth from a KEMAR head and torso simulator that was located in an anechoic chamber. This 
simulation was created by convolving the noise burst with the impulse responses of a KEMAR 
head and torso simulator that were measured by Bill Gardner and Keith Martin at MIT Media Lab 
[Gardner and Martin 1994]. 
 
As the measurement of the interaural cross-correlation coefficient is expected to relate to some 
form of spatial perception that is caused by the acoustic environment, it is evident that an anechoic 
sound field should produce a very low result. For this signal, the PGIACC gave both a maximum 
and mean value of 0, which is very low as expected. 
 
The use of the same signal, though this time positioned at 0º elevation and 45º azimuth, was 
expected to give a similar result, as the sound source and the acoustical environment were 
identical. The PGIACC measurement of this signal gave a mean result of 0.023, and a maximum 
result of 0.078. Examination of the output plot, as shown in Figure A.4, indicated that it was the 
higher frequency bands that were least correlated in this measurement. This is a reasonable result, 
as the head shadowing will affect the higher frequencies that reach the contralateral ear more than 
the lower frequencies. 
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Figure A.4: Output from the PGIACC for a 50 ms noise burst that was positioned at 0º 
elevation and 45º azimuth, displaying the interaural cross-correlation coefficient that was 
measured in each audio frequency band over time in the upper plot, that has been inverted, 
weighted by the audio amplitude and filtered, with a darker shade denoting a higher 
inverted cross-correlation, the maxima of these measured cross-correlations over the range 
of audio frequencies are shown in the lower plot, and the maximum and mean values of the 
lower plot are shown on the lower right hand side. 
 
Whilst this result is not identical to that of the previous measurement that was made of a similar 
signal but with the source positioned at 0º azimuth, it is also relatively low. It may be that the 
higher value for the source that is positioned away from the median plane is perceptually accurate, 
based on the fact that human localisation is less accurate when sources are positioned away from 
the median plane [Blauert 1997]. However, further work is required to confirm this.  
 
The final simulation was intended to create a diffuse sound field, which should result in a 
relatively high output value from the measurement. This was created by using two uncorrelated 
white noise signals; one of which was fed to the right ear, the other to the left ear, as suggested by 
[Kendall 1995]. Measuring this sound using the PGIACC gave a maximum value of 1.139 and a 
mean value of 0.811, as shown in the output plot contained in Figure A.5. As anticipated, this 
value is significantly higher than the value for the previous simulations. It is interesting to note that 
the measurement resulted in a maximum value that was greater than 1. This was caused by the fact 
that the calculated correlation at certain points in time was negative, which when inverted using 
(1-IACC), gave a result of greater than 1.  
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Figure A.5: Output from the PGIACC for uncorrelated white noise, displaying the 
interaural cross-correlation coefficient that was measured in each audio frequency band over 
time in the upper plot, that has been inverted, weighted by the audio amplitude and filtered, 
with a darker shade denoting a higher inverted cross-correlation, the maxima of these 
measured cross-correlations over the range of audio frequencies are shown in the lower plot, 
and the maximum and mean values of the lower plot are shown on the lower right hand side. 
 
Also of interest from the results shown in Figure A.5 is that the correlation coefficient is lower at 
lower audio frequencies (which results in a higher value for the inverted correlation that is shown 
in Figure A.5). This is disparate from the usual case that the cross-correlation coefficient 
approaches 1 at low audio frequencies for binaural signals due to the relationship between the 
wavelength of the sound and the fixed distance between the ears, as discussed in Chapter 1. This 
means that the example that was used of two uncorrelated noise signals is not representative of a 
binaural signal. In view of this, a binaural diffuse noise signal was created by convolving a large 
number of uncorrelated noise signals with head related transfer functions that were measured in an 
anechoic chamber from a range of source positions with respect to the head. The results of this 
measurement are shown in Figure A.6. 
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Figure A.6: Output from the PGIACC for a binaural diffuse noise signal, displaying the 
interaural cross-correlation coefficient that was measured in each audio frequency band over 
time in the upper plot, that has been inverted, weighted by the audio amplitude and filtered, 
with a darker shade denoting a higher inverted cross-correlation, the maxima of these 
measured cross-correlations over the range of audio frequencies are shown in the lower plot, 
and the maximum and mean values of the lower plot are shown on the lower right hand side. 
 
The PGIACC measurement of the binaural diffuse noise signal followed the expected trend that 
the cross-correlation coefficient would approach 1 at low audio frequencies (shown in Figure A.6 
as the inverted result approaching 0 at low audio frequencies). It also showed that the calculated 
maximum inverted, weighted and filtered interaural cross-correlation coefficient (displayed as the 
Max PGIACC in the lower plot in Figure A.6) was relatively high for the majority of the 
measurement, which was expected based on the assumption that the diffuse noise signal will be 
perceived to be relatively wide. The fact that the measured result rises over approximately the first 
150 milliseconds of the measured result before reaching a relatively constant level is partially due 
to the fact that the results are filtered, which means that the measurement takes a finite duration to 
respond to the attributes of the signal. It is also partially due to the fact that the measurement adds 
blank segments at each end of the measured signal, which it does in order to allow measurement of 
the entire duration of the stimulus. This means that the measurement may not accurately quantify 
the spatial properties of transient signals. On the other hand, the research of Grantham indicated 
that the human perceptual system takes a finite amount of time to resolve the spatial attributes of a 
sound source [Grantham 1986]. Based on this, it is possible that the finite duration taken for the 
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measurement to respond is perceptually relevant, though further research is required to examine 
whether this matches the perceived effect accurately.  
 
It was concluded from these results that the PGIACC resulted in a wide range of values for the 
simulations of the extreme examples to which it was subjected.  
 
A.4 Possible refinements to the measurement 
 
There are a number of ways in which this model may be refined in order to match the subjective 
perception more accurately.  
A.4.1 Automated division of source-related and environment-related segments 
 
Based on current knowledge, it is not possible to create an automated process to divide the 
physical cues of the signal that will affect the perceived attributes of the source from those that 
will affect the perceived attributes of the acoustical environment. The method that is currently 
employed requires the experimenter to manually edit the segments of the signal that are 
representative of either a direct sound source segment or a reverberant segment, and to pass each 
of the segments through the measurement individually. This method suffers from the fact that it is 
difficult to accurately select the segments of the stimuli that are representative of solely the direct 
sound scene component or the reverberant components. In addition, it is difficult to select identical 
segments from each of the stimuli, even if they contain the same sound source signal but with 
different acoustical environments or types of processing. 
 
The task can be undertaken without an automated method of dividing the source-related and 
environment-related segments by quantifying the attributes of pre-determined sound source 
signals, of which the exact start and end points can be calculated. However, it would be preferable 
if an automated method could be developed. The creation of such a technique would require a 
great deal of research and is beyond the scope of this thesis. 
A.4.2 Simulation of the ear 
 
The PGIACC currently employs only a basic simulation of the human hearing mechanism. It may 
be that a more complex model of this will improve the accuracy of the measurement. 
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The direction-dependent response of the outer ear, including the head and the pinnae, is dependent 
on the head and torso simulator that is employed, and is therefore beyond the scope of the 
measurement, unless it is appropriate for recommendations to be made of the use of a certain head 
and torso simulator. However, if required, the response of the outer ear and the middle ear that is 
independent of the angle of incidence of a sound can be simulated as part of the measurement. 
Research is required to investigate how this will affect the measured results. 
 
The process that is currently employed to mimic the frequency selectivity of the inner ear is a 
gammatone filterbank. As discussed above, this is a compromise between accuracy and simplicity 
of implementation. It was considered that a more complex model, such as the gammachirp 
filterbank, may be more accurate, though research is needed to examine whether this will benefit 
the PGIACC. 
 
It is possible that a more complex model of the basilar membrane and the neural response may also 
be implemented, such as that which was used by Härmä and Palomäki [Härmä and Palomäki 
1999]. The use of such a model would mean that the signals that are presented to the main process 
of the model are similar to those that are available to the human perceptual system from the ear. It 
is possible that the results of a measurement that employs such a simulation of the human hearing 
mechanism will predict the perceived subjective effect more accurately, though it is unclear 
whether the PGIACC will significantly benefit from this additional complexity. Therefore, 
research needs to be carried out into the effect of this simulation. 
A.4.3 Cross-correlation calculation segment 
 
There are many questions regarding the cross-correlation calculation segment that need to be 
answered. As mentioned in Section A.2, research has indicated that a maximum interaural time 
delay (τ) of ± 3 ms may be necessary, contrary to the common use of ± 1 ms for measurements of 
the interaural cross-correlation coefficient. The optimum window length is also an issue, with the 
need for a large enough window to minimise end effects for low audio frequencies. The optimum 
window length for rejecting the fluctuations in interaural time and level difference that are 
perceived as movement also needs to be investigated, as discussed in Section A.2.  
 
The cross-correlation calculation that is used in the measurement may also be improved by the 
implementation of a more advanced model, such as that which was developed by Lindemann 
[Lindemann 1986]. The Jeffress-Lindemann model introduces a contralateral inhibition network to 
the simple Jeffress model that was described in Chapter 1. This network appears to simulate the 
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main consequences of the precedence effect, therefore potentially making the calculation of the 
cross-correlation more perceptually accurate. There are further refinements, such as that suggested 
by Gaik, which takes the relationship between the interaural time and interaural level difference 
into account [Gaik 1993]. However, as for the other refinements that have been suggested, the 
value of the implementation of such developments needs to be evaluated in further research. 
A.4.4 Audio frequency based weighting 
 
As mentioned in Chapter 1, the relationship between the magnitude of a perceived spatial effect 
and the interaural cross-correlation coefficient has been found to be dependent on the audio 
frequency of the stimulus. In addition, it was found by Potter, Raatgever and Bilsen that 
frequencies around 500 Hz were most important to the aspect of spatial impression that they 
termed ‘spaciousness’ [Potter et al. 1995a]. As mentioned in Chapter 8, this indicates that the 
dependence of the magnitude of the subjective spatial effect on the audio frequency needs to be 
investigated, and the results need to be applied to objective measurement techniques. 
 
A.5 Conclusion 
 
The PGIACC measurement has been developed in order to quantify the interaural cross-correlation 
coefficient of signals that have been divided into source-related and environment-related segments 
based on perceptual grouping. It has been discussed that further refinements can be made to the 
measurement and that further research is required to confirm a number of the estimated parameters 
that are employed. Nevertheless, the measurement has proved to be a useful analysis tool in the 
research and experimentation that was undertaken for this thesis. The novel aspects of this 
measurement include:  
• the perceptual grouping of source-related and environment-related aspects of the sound. 
• the application of an auditory filterbank to interaural cross-correlation measurements. 
• the use of a consecutive series of cross-correlation calculations to evaluate the variations in 
the interaural cross-correlation over time. 
• the weighting of the results of the cross-correlation calculations by the audio amplitude in 
order to reduce the effect of noise and to weight the results in favour of the more perceptually 
prominent parts of the signal. 
• the filtering of the result to mimic the maximum rate of change of the cross-correlation that is 
perceivable. 
• the application of a visual output similar to a spectrographic analysis. 
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• the calculation of the maximum or mean values over time as a single figure output. 
 
A.6 Summary 
 
This appendix has summarised the operation of the perceptually grouped interaural cross-
correlation coefficient (PGIACC) that was developed as part of the research that was undertaken 
for this thesis. The processes that are involved in the calculation have been described in detail, and 
the reasons behind the development of each of the segments have been outlined. The measurement 
has been tested to show that it gives reasonable results for basic stimuli. A number of possible 
refinements to the measurement have been discussed, as well as further research that is required to 
develop and evaluate the measurement. Finally, it has been concluded that the measurement has 
proved to be a useful tool for the analysis of the properties of a wide range of stimuli.  
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Appendix B The interaural cross-correlation fluctuation 
function 
 
 
This chapter summarises the measurement of the fluctuations in interaural time difference that was 
developed by the author as an analysis tool for use in the research and experimentation that is 
described in this thesis. An overview is given of the individual processes that are contained in the 
measurement, which is followed by a detailed analysis of these processes, including an explanation 
of the reasoning behind the decisions that were made. The measurement is then tested to prove its 
salience for basic test signals. Finally, the limitations of the measurement are discussed, along with 
an evaluation of the additional research that is required for further development. 
 
B.1 Overview of the measurement 
 
In order to quantify the objective parameters of the stimuli that were used in the experiments, a 
number of novel measurement techniques were developed during this research. The measurement 
that is described in this appendix attempts to quantify the fluctuations in interaural time difference 
that are contained within an audio signal. This is based on performing a series of interaural cross-
correlation calculations in order to derive the interaural time difference over time, following the 
method that was employed by Blauert and Lindemann [Blauert and Lindemann 1986b]. The 
resulting measurement has been termed the interaural cross-correlation fluctuation function 
(IACCFF), and it has been implemented by the author in MATLAB. 
 
The stages that are involved in the measurement are shown in the block diagram in Figure B.1. 
The peripheral stages of the analysis are identical to the perceptually grouped interaural cross-
correlation coefficient measurement (PGIACC) that is described in Appendix A. This includes the 
method of perceptual grouping and the filterbank segment. In view of this, these segments of the 
process are summarised here, but the reader is referred to Appendix A for a more detailed 
description.  
 
The preparation of the signals for this measurement involves a manual division of the source-
related and the environment-related segments of the input signal. These are then passed through 
the measurement individually. The initial stage of the measurement allows the option of a number 
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of different filterbanks to imitate the frequency selectivity of the ear. This division of the binaural 
signal into a number of frequency bands is included to allow investigation of the measured 
parameters in different frequency ranges, and also to allow the inclusion of some form of 
weighting by audio frequency that may be necessary. Each of the filtered signals is then passed 
through the cross-correlation calculation segment, where the interaural time difference at each 
point in time is calculated. The signals are also passed through a simple signal amplitude 
measurement. The results of the interaural time difference calculations can then be weighted by the 
signal amplitude. 
 
A number of techniques are available to analyse the results of this measurement. The most 
common consists of a spectrographic analysis of the fluctuations in interaural time difference, 
which calculates the magnitude of the fluctuations by fluctuation frequency and over time, for each 
of the measured audio frequency bands. The measurements that are made in each frequency band 
can then be combined to find the maximum magnitude of fluctuations across the audio frequencies 
at a given point in time. The mean of these maxima is then calculated to give a single value output, 
to allow simple comparison with subjective judgements. 
 
A number of the factors in the measurement are optional, including the weighting by the audio 
amplitude and the post-processing. More information can be gained by examining the 
measurements that are made in each frequency band and over time. However, it is often more 
convenient to have a single value output for simple comparison. 
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Figure B.1: Block diagram of the current implementation of the IACCFF. 
 
B.2 Details of each section of the measurement 
 
Section B.1 gave an overview of the components of the measurement. This section describes each 
of these components in more detail, and explains the choices that were made. 
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B.2.1 Auditory filterbank 
 
The auditory filterbank segment that is employed in this measurement is identical to that which is 
used in the PGIACC that is described in Appendix A. The filterbank is again included for two 
main reasons. Firstly, the separation of the measurement into a number of frequency bands allows 
the investigation of the properties of the item under test in different frequency ranges which may 
be useful in some situations. Secondly, preliminary research has indicated that the magnitude of 
the perceived effect that is caused by the fluctuations in interaural time difference may be 
dependent on the audio frequency of the signal [Mason et al. 2001b]. Further research is required 
to confirm this, though if it is the case, then the use of a filterbank is the simplest manner to 
implement a suitable frequency-based weighting. The measurement gives the option of one of a 
number of types of filterbanks, or the option to bypass this stage of the measurement in order to 
give a calculation of the characteristics of the entire frequency range of a signal.  
 
The default filterbank for this measurement is a gammatone filterbank, which creates 21 frequency 
bands across a frequency range of 100 to 2500 Hz, which is described in detail in Appendix A. 
Other filterbank options are available, including 1/3rd octave and one-octave filters that allow 
direct comparison with extant measurement techniques.  
B.2.2 Cross-correlation calculation segment 
 
The cross-correlation calculation segment of the measurement is similar to that employed in the 
PGIACC, which is described in Appendix A. This uses a consecutive series of interaural cross-
correlation calculations, which are made by using Equation 1.4. However, in this measurement it is 
the position of the maximum correlation value that results from the calculation that is of interest 
rather than the maximum correlation value itself. The position of the maximum value of the cross-
correlation coefficient represents the angle of incidence of the sound away from the median plane 
based on the interaural time difference [Blauert and Cobben 1978]. Therefore the computation of a 
number of cross-correlation calculations over time can be used to quantify the variation in the 
interaural time difference over time. 
 
The maximum interaural delay over which the measurement is made (τ in Equation 1.4) can be 
specified, though the value of approximately ±1 ms is most commonly used, in order to cover the 
range of interaural time differences that are possible due to the physical separation of the ears. The 
window length over which the interaural cross-correlation is measured (t1 to t2 in Equation 1.4) 
can also be specified. The default value for this is 50 ms, though the optimum value has yet to be 
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discovered. The 50 ms setting is a compromise between the maximum frequency of fluctuations 
that can be measured, and the requirement of the interaural cross-correlation calculation that the 
window length should be at least five times the period of the lowest audio frequency of interest, in 
order to avoid end effects [Ifeachor and Jervis 1993]. It may be that a window length that is 
different in each frequency band may be more effective, however further work is required to 
develop this. 
 
It is common in cross-correlation measurements to use the position of the maximum absolute value 
as the indicator of the perceived subjective effect. However, the author considers that the 
perceived effect of a negatively correlated signal is very different to that of a positively correlated 
signal, as discussed in Chapter 1. Therefore the default is for the position of the raw maximum 
value of the cross-correlation coefficient across the range of values of τ to be used, though it can 
be specified to use the position of the maximum absolute value if required. 
 
If the cross-correlation calculations were implemented so that they started from consecutive 
samples, this would give a large overlap between the individual calculations, and a large number 
of calculations would be required. In order to increase the speed of the measurement and to 
remove unnecessary overlap in the calculations, a spacing between each of the consecutive 
measurements was introduced, as described in Appendix A. The calculations had to be frequent 
enough to allow the detection of fluctuations in interaural time difference of a rate up to a few 
hundred Hertz, based on the research of Grantham and Wightman [Grantham and Wightman 
1978], so a gap of 64 samples was chosen. This gave a maximum quantifiable fluctuation 
frequency of approximately 345 Hz (assuming a sample rate of 44100 Hz).  
B.2.3 Signal amplitude measure 
 
It was found in preliminary investigations that the measurement of the fluctuations in interaural 
time difference was strongly affected by any noise that was present in a stimulus. In addition, the 
author considered that the segments of the signal that were louder might be more perceptually 
prominent and would therefore contribute more to the perceived spatial effect. In view of this, an 
option to weight the output results by the amplitude of the signal was added. The signal amplitude 
measurement is identical to that which is described in Appendix A, and consists of a calculation of 
the mean absolute signal level in the windowed section of the two binaural channels of each of the 
cross-correlation calculations. The resulting calculated signal amplitude is then normalised by the 
maximum amplitude over the duration of the measured stimulus. In order to counter the fact that 
this normalisation biased the results too far in favour of the louder aspects of the signal, a 
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logarithmic representation of the signal amplitude was employed. As for the PGIACC that is 
described in Appendix A, it is possible that a more comprehensive loudness measure is necessary 
in order to give a more perceptually valid indicator of the perceptual prominence of a given part of 
the signal, and the relative benefits of this needs to be investigated in future research.  
B.2.4 Weighting by signal amplitude 
 
This segment of the measure is a simple multiplication of the output of the cross-correlation 
calculation over time and in each frequency band, and the corresponding measured signal 
amplitude. This weighting is optional, though it is employed for the majority of the measurements 
in order to reduce the effect of noise in the stimuli. 
B.2.5 Analysis of the output 
 
The output of the measurement can be analysed in a number of ways. The simplest way is to 
perform a fast Fourier transform on the measured interaural time difference over time (either the 
raw result or weighted by the signal amplitude), which gives the magnitude of the fluctuations in 
interaural time difference across the range of fluctuation frequencies. A more advanced method 
has also been developed that is based on spectrographic analysis. This shows the magnitude of the 
fluctuations in interaural time difference across the range of fluctuations and over time.  
 
The output of the cross-correlation measurement is initially filtered to select a range of fluctuation 
frequencies from 10 to 125 Hz. The lower cut-off frequency is employed to reject the fluctuations 
of a frequency that will be perceived as movement, and is based on the research of Grantham and 
Wightman [Grantham and Wightman 1978] and the results of the experiment that is described in 
Chapter 4. The upper cut-off frequency was selected as a compromise between the ability to detect 
the fluctuations of a high frequency that can cause a variation in the perceived spatial effect, as 
shown by Grantham and Wightman, and the need to limit the influence of audio frequencies on the 
measured results. 
 
The filtered results are then fed into a spectrographic analysis where the fluctuation magnitude 
across the range of fluctuation frequencies and over time are depicted for each frequency band 
from the filterbank. As mentioned in Section A.1, to allow simple comparison between stimuli, it 
is useful to provide a single figure output from a measurement. In order to create this output, the 
maximum fluctuation magnitude across the range of fluctuation frequencies at each point in time is 
calculated for the results from each of the audio filter bands. These maxima are then displayed as 
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shown in the upper plot of Figure B.2, where a darker shade denotes a higher magnitude of 
fluctuations. The maximum values of these fluctuation magnitudes across all of the frequency 
bands at each point in time are calculated, and the resulting values are then displayed in the lower 
plot of Figure B.2. The mean and the maximum values of this plot are then calculated and are 
shown in the lower right hand corner of the figure. 
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Figure B.2: Output from the spectrographic analysis segment of the IACCFF, displaying the 
maximum magnitude of fluctuations in interaural time difference that was measured in each 
audio frequency band over time in the upper plot, with a darker shade denoting a higher 
magnitude of fluctuations, the maxima of these measured fluctuation magnitudes over the 
range of audio frequencies are shown in the lower plot, and the maximum and mean values 
of the lower plot are shown on the lower right hand side. 
 
The author initially considered that the maximum value that resulted from this analysis would be 
the most appropriate to compare with the subjective judgements. However, experience showed that 
this was more susceptible to measurement error than the mean value. Therefore, the usual figure 
that is quoted is the mean value in Figure B.2, which is the mean of the lower plot. 
 
B.3 Response of the measurement to simple test signals 
 
The IACCFF measurement technique was evaluated using a number of different simple test 
signals.  
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The first test signal consisted of two sine tones that contained a frequency modulation component 
that was 180º out of phase between the two signals, with one tone fed to each ear. This caused a 
sinusoidal fluctuation in interaural time difference over time, as discussed in detail in Chapter 3. 
This signal was entered into the IACCFF, and the interaural time difference over time that was 
calculated by the cross-correlation calculation segment was examined. This result is shown in 
Figure B.3, which shows the interaural time difference of the signal that was calculated at each 
point in time. The sinusoidal fluctuation in interaural time difference can be seen clearly, and this 
indicates that the cross-correlation calculation segment of the IACCFF measurement could 
accurately detect the interaural time difference of simple stimuli.  
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Figure B.3: Plot of the fluctuation in interaural time difference over time for a frequency 
modulated sine tone that was created by the use of Equation 3.1 that results in a sinusoidal 
fluctuation in the interaural time difference, as measured by using the cross-correlation 
calculation segment of the IACCFF.  
 
The second simulation was of the same signal that was used in Appendix A that consisted of a 50 
ms noise burst that was positioned at 0° elevation and 0° azimuth from a KEMAR head and torso 
simulator that was located in an anechoic chamber. As the measurement of the magnitude of the 
fluctuations in interaural time difference is expected to relate to some form of spatial perception 
that is caused by the acoustic environment, it is evident that an anechoic sound field should 
produce a very low result.   For this signal, the IACCFF gave both a maximum and mean value of 
- Inf (minus infinity), which is very low as expected. 
 
The use of the same signal, though positioned at 0º elevation and 45º azimuth, was expected to 
give a similar measured result, as the sound source and the acoustical environment were identical 
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and only the source position was altered. However, measurement of this signal gave a maximum 
fluctuation magnitude across the duration of the stimulus of -10.956, which is significantly 
different to the result of minus infinity for the same signal that was located in the median plane. As 
it was expected that the results for these two signals would be similar, it was concluded that this 
measurement was incorrect. In order to investigate the cause of this error, the result of the cross-
correlation calculation segment that showed the measured interaural time difference over time was 
examined. This is shown in Figure B.4, with the calculated interaural time difference weighted by 
the audio amplitude as explained in Section A.2 displayed over time, with each line indicating the 
measured result in a different frequency band.  
 
0 0.05 0.1 0.15 0.2 0.25 0.3 0.35 0.4 0.45 0.5
-0.5
-0.4
-0.3
-0.2
-0.1
0
0.1
0.2
0.3
0.4
0.5
Time (secs)
In
te
ra
ur
al
 ti
m
e 
di
ffe
re
nc
e 
we
ig
ht
ed
 b
y 
au
di
o 
am
pl
itu
de
Fluctuation in interaural time difference over time
 
Figure B.4: Plot of the fluctuation in interaural time difference over time for a 50 ms noise 
burst that was positioned at 0º elevation and 45º azimuth in an anechoic chamber, as 
measured in each frequency band by using the cross-correlation calculation segment of the 
IACCFF.  
 
It can be seen from Figure B.4 that the calculation of the interaural time difference of the signal 
over time indicates that the first section of the signal (which was silence) had an interaural time 
difference of 0, followed by the second section (which was the noise burst) that had a negative 
interaural time difference, followed by a final section (which was silence) that again had an 
interaural time difference of 0. From this, it can be interpreted that the noise burst is correctly 
calculated to be away from the median plane, as indicated by the non-zero result for this segment 
of the signal. In addition, it can be seen that apart from the change in the interaural time difference 
that is caused by the noise burst being located to the side, there are no fluctuations in interaural 
time difference apparent in the signal. However, the measured result of this signal (that consists of 
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a noise burst positioned to the side) resembles a single large fluctuation in interaural time 
difference.  
 
Unfortunately, the analysis segment of the IACCFF measurement cannot differentiate between the 
fluctuations in interaural time difference that potentially relate to the width of the related aspect of 
the signal, and this calculation which appears to be a single large fluctuation. Therefore, it is 
apparent that the relatively high maximum result from the IACCFF measurement for this signal is 
caused by the sound source being positioned away from the median plane, and that currently the 
measurement cannot correctly quantify the attributes of such a signal.   
 
This problem with the measurement is limiting, but not overwhelming. The use of the mean value 
from the spectrographic analysis still gives a result of -Inf (minus infinity), which means that this 
measure is still practical. In addition, the errors that are introduced in the maximum value due to 
this type of signal will not be apparent for measurements that are made when the source is located 
in the median plane. However, it is something that must be considered for future development of 
the measure. 
 
The final simulation was the same binaural diffuse noise stimulus that was used in Appendix A 
that was created by convolving a large number of uncorrelated noise signals with head related 
transfer functions that were measured in an anechoic chamber from a range of source positions 
with respect to the head. As this signal should create a low interaural cross-correlation coefficient, 
and the fluctuations in interaural time difference and the cross-correlation are intrinsically related, 
the measurement was predicted to give a relatively high output value. Measuring this sound using 
the IACCFF gave a maximum value of -3.588 and a mean value of -6.250. As anticipated, this 
value is significantly higher than the value for the median plane anechoic simulation. 
 
Therefore it was concluded that the IACCFF was giving a wide range of resulting values to the 
simulations of the extreme examples to which it was subjected.  
 
B.4 Possible refinements to the measurement 
 
This measurement may be refined by introducing an automated method of dividing the source-
related and environment-related aspects of the signal, by including a more comprehensive 
simulation of the ear, by introducing an audio frequency based weighting, and by improving the 
weighting by audio amplitude. These are discussed in Appendix A. There are also a number of 
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other ways in which this measurement may be refined in order to match the subjective perception 
more accurately. 
B.4.1 Cross-correlation measurement segment 
 
A number of requirements for further research into the cross-correlation measurement segment 
that apply to this measurement were specified in Appendix A. This included investigation of the 
maximum interaural delay that should be used, the optimum window length, and the possible 
benefits of a more complex correlation model. In addition to these, the application of a calculation 
window length that varies by audio frequency needs to be evaluated as a more detailed 
compromise between the maximum quantifiable fluctuation frequency and the requirements to 
reduce end effects, as mentioned in Section A.2. 
B.4.2 Weighting by fluctuation frequency 
 
The range of frequencies of the fluctuations in interaural time difference that are selected as being 
most salient for the stationary spatial effect was estimated based on previous research. Further 
research is required to evaluate this decision and to determine the optimum frequency range of 
fluctuations to measure. In addition to this, it has not yet been determined whether fluctuations 
across this range of frequencies have equal perceptual importance. This also requires investigation. 
 
B.5 Conclusion 
 
The IACCFF measurement has been developed in order to quantify the properties of the 
fluctuations in interaural time difference that are contained within an auditory signal. It has been 
discussed that further refinements can be made to the measurement and that further research is 
required to confirm a number of the estimated parameters that are employed. Nevertheless, the 
measurement has proved to be a useful analysis tool in the research and experimentation that was 
undertaken for this thesis. The novel aspects of this measurement, beyond those applied to the 
PGIACC that is described in Appendix A, include:  
• the use of a rapid succession of cross-correlation calculations to calculate the fluctuations in 
interaural time difference of a relatively high fluctuation frequency. 
• the application of fast Fourier transforms and spectrographic analysis to the output of spatial 
measurements. 
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B.6 Summary 
 
This appendix has summarised the operation of the interaural cross-correlation fluctuation function 
(IACCFF) that was developed as part of the research that was undertaken for this thesis. The 
processes that are involved in the calculation have been described in detail, and the reasons behind 
the development of each of the segments have been outlined. The measurement has been tested to 
show that it gives reasonable results for basic stimuli, but it has been shown that there are 
limitations to its application. A number of possible refinements to the measurement have been 
discussed, as well as further research that is required to develop and evaluate the measurement. 
Finally, it was concluded that the measurement has proved to be a useful tool for the analysis of 
the properties of some stimuli. 
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Appendix C The interaural level difference fluctuation function 
 
 
This chapter summarises the measurement of the fluctuations in interaural level difference that was 
developed by the author as an analysis tool for use in the research and experimentation that is 
described in this thesis. An overview is given of the individual processes that are contained in the 
measurement, which is followed by a detailed analysis of these processes, including an explanation 
of the reasoning behind the decisions that were made. The measurement is then tested to prove its 
salience for basic test signals. Finally, the limitations of the measurement are discussed, along with 
an evaluation of the additional research that is required for further development. 
 
C.1 Overview of the measurement 
 
In order to quantify the objective parameters of the stimuli that were used in the experiments, a 
number of novel measurement techniques were developed during this research. The measurement 
that is described in this appendix attempts to quantify the fluctuations in interaural level difference 
that are contained within an audio signal. This is based on calculating the level difference between 
the absolute amplitude of each binaural channel over time. The resulting measurement has been 
termed the interaural level difference fluctuation function (ILDFF), and it has been implemented 
by the author in MATLAB. 
 
The stages that are involved in the measurement are shown in the block diagram in Figure C.1. 
The peripheral stages of the analysis are identical to the perceptually grouped interaural cross-
correlation coefficient measurement (PGIACC) that is described in Appendix A. This includes the 
method of perceptual grouping and the filterbank segment. In view of this, these segments of the 
process are summarised here, but the reader is referred to Appendix A for a more detailed 
description. 
 
The preparation of the signals for this measurement involves a manual division of the source-
related and the environment-related segments of the input signal. These are then passed through 
the measurement individually. The initial stage of the measurement allows the option of a number 
of different filterbanks to imitate the frequency selectivity of the ear. This division of the binaural 
signal into a number of frequency bands is included to allow investigation of the measured 
parameters in different frequency ranges, and also to allow the inclusion of some form of 
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weighting by audio frequency that may be necessary. Each of the filtered signals is then passed 
through the level difference calculation segment, where the interaural level difference at each point 
in time is calculated. This simple level difference calculation is based on comparing the absolute 
amplitudes of the left and right signals. As the results of the level difference calculation are 
naturally dependent on the level of the signal, no weighting by the audio amplitude is required, 
unlike the PGIACC that is described in Appendix A. Following the level difference calculation, 
there is the option to apply temporal smoothing to the results in order to limit the errors that are 
caused by the instantaneous signal level or interaural time differences, as discussed in Chapter 3. 
 
A number of techniques are available to analyse the results of this measurement. The most 
common consists of a spectrographic analysis of the fluctuations in interaural level difference, 
which calculates the magnitude of the fluctuations by fluctuation frequency and over time, for each 
of the measured audio frequency bands. The measurements that are made in each frequency band 
can then be combined to find the maximum magnitude of fluctuations across the audio frequencies 
at a given point in time. The mean of these maxima is then calculated to give a single value output, 
to allow simple comparison with subjective judgements. 
 
A number of the factors in the measurement are optional, including the type of filterbank that is 
used and the type of post processing. More information can be gained by examining the 
measurements that are made in each frequency band and over time. However, it is often more 
convenient to have a single value output for simple comparison. 
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Figure C.1: Block diagram of the current implementation of the ILDFF. 
 
C.2 Details of each section of the measurement 
 
Section C.1 gave an overview of the components of the measurement. This section describes each 
of these components in more detail, and explains the choices that were made. 
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C.2.1 Auditory filterbank 
 
The auditory filterbank segment that is employed in this measurement is identical to that which is 
used in the PGIACC that is described in Appendix A. The filterbank is again included for two 
main reasons. Firstly, the separation of the measurement into a number of frequency bands allows 
the investigation of the properties of the item under test in different frequency ranges which may 
be useful in some situations. Secondly, it is possible that the magnitude of the perceived effect that 
is caused by the fluctuations in interaural level difference is also dependent on the audio frequency 
of the signal, and the use of a filterbank is the simplest manner to implement a suitable frequency-
based weighting. The measurement gives the option of one of a number of types of filterbanks, or 
the option to bypass this stage of the measurement in order to give a calculation of the 
characteristics of the entire frequency range of a signal.  
 
The default filterbank for this measurement is a gammatone filterbank, which creates 21 frequency 
bands across a frequency range of 100 to 2500 Hz, which is described in detail in Appendix A. 
Other filterbank options are available, including 1/3rd octave and one-octave filters that allow 
direct comparison with extant measurement techniques. 
C.2.2 Level difference calculation segment 
 
The level difference calculation segment of the measurement uses a simple amplitude difference 
calculation between the left and right channels of the filtered signals. The first stage of the analysis 
calculates the absolute value of the amplitude in each of the filtered signals. As the overall signal 
level affects the results of this calculation, the signals are then normalised so that the maximum 
absolute amplitude of the signals always equals 1. In doing this, the same normalisation is applied 
to all the frequency bands of the measurement, in order to maintain the relative signal level in each 
band. Following the normalisation, the left channel of the normalised absolute signal in each 
frequency band is subtracted from the right channel of the normalised absolute signal in the same 
frequency band. This is repeated for each of the measured frequency bands.  
C.2.3 Temporal smoothing 
 
As shown in Chapter 3, the resulting measurement of the interaural level difference contains errors 
that are caused by the instantaneous amplitude of the signal and any interaural time differences 
that may be present in the signal. In order to limit the effect of these errors on the measured result, 
temporal smoothing can be introduced. The effect of this is shown in Chapter 3. The optimum 
  
 
Appendix C The interaural level difference fluctuation function 
 Page 321 
duration of the temporal smoothing is a compromise between the maximum correction of the 
errors, and the maximum frequency of the fluctuations in interaural level difference that need to be 
quantified. This duration needs to be at least 1 ms long, in order to correct for the maximum 
interaural time difference that is possible due to the physical separation of the ears. Beyond this, 
the temporal response of the ear is estimated to be similar to a time constant of approximately 2 
ms, as suggested by Eddins and Green [Eddins and Green 1995]. The duration of the temporal 
smoothing that is employed can be defined when the measurement is made. The default duration 
of the smoothing is set to be 3 ms, as this gives the maximum correction for the errors that are 
described above, whilst still allowing the quantification of fluctuations in interaural level 
difference up to approximately 300 Hz. This is similar to the maximum fluctuation frequency that 
is quantifiable by the IACCFF when the default settings are employed. 
C.2.4 Analysis of the output 
 
The output of the measurement can be analysed in the same way as the results of the IACCFF. 
This includes simple fast Fourier transform analysis, or more complex spectrographic analysis. As 
the analysis techniques for the two measures are identical, the reader is referred to Appendix B for 
more information. An example output plot is shown in Figure C.2, which displays the magnitude 
of the fluctuations in interaural level difference in each frequency band at each point in time in the 
upper plot, and the maximum values of these fluctuation magnitudes across all of the frequency 
bands at each point in time in the lower plot. The mean and the maximum values of this plot are 
then calculated and are shown in the lower right hand corner of the figure. 
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Figure C.2: Output from the spectrographic analysis segment of the ILDFF, displaying the 
maximum magnitude of fluctuations in interaural level difference that was measured in each 
audio frequency band over time in the upper plot, with a darker shade denoting a higher 
magnitude of fluctuations, the maxima of these measured fluctuation magnitudes over the 
range of audio frequencies are shown in the lower plot, and the maximum and mean values 
of the lower plot are shown on the lower right hand side. 
 
C.3 Response of the measurement to simple test signals 
 
The ILDFF measurement technique was evaluated using a number of different simple test signals.  
 
The first test signal consisted of two sine tones that contained an amplitude modulation component 
that was 180º out of phase between the two signals, with one tone fed to each ear. This caused a 
sinusoidal fluctuation in interaural level difference over time, as discussed in Chapter 3. This 
signal was entered into the ILDFF, and the interaural level difference over time that was calculated 
by the level difference calculation segment was examined. This result is shown in Figure C.3, 
which shows the interaural level difference of the signal that was calculated at each point in time. 
The sinusoidal fluctuation in interaural level difference can be seen clearly, and this indicates that 
the level difference calculation segment of the ILDFF measurement could accurately detect the 
interaural level difference of simple stimuli.  
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Figure C.3: Plot of the fluctuation in interaural level difference over time for an amplitude 
modulated sine tone that was created by the use of Equation 3.1 that results in a sinusoidal 
fluctuation in the interaural level difference, as measured using the ILDFF. 
 
The second simulation was of the same signal that was used in Appendix A that consisted of a 50 
ms noise burst that was positioned at 0° elevation and 0° azimuth from a KEMAR head and torso 
simulator that was located in an anechoic chamber. As the measurement of the magnitude of the 
fluctuations in interaural level difference is expected to relate to some form of spatial perception 
that is caused by the acoustical environment, it is evident that an anechoic sound field should 
produce a very low result. For this signal, the ILDFF gave both a maximum and mean value of -Inf 
(minus infinity), which is very low as expected. 
 
The use of the same signal, though positioned at 0º elevation and 45º azimuth, was expected to 
give a similar measured result, as the sound source and the acoustical environment were identical 
and only the source position was altered. However, measurement of this signal gave a maximum 
fluctuation magnitude across the duration of the stimulus of -37.137, which is significantly 
different to the result of minus infinity for the same signal that was located in the median plane. As 
it was expected that the results for these two signals would be similar, it was concluded that this 
measurement was incorrect. In order to investigate the cause of this error, the result of the level 
difference calculation segment that showed the measured interaural level difference over time was 
examined. This is shown in Figure C.4, with the calculated interaural level difference displayed 
over time, with each line indicating the measured result in a different frequency band.  
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Figure C.4: Interaural level difference fluctuations over time of a 50 ms noise burst that was 
positioned at 0º elevation and 45º azimuth in an anechoic chamber, with the plotted lines 
showing the interaural time difference that was calculated in each frequency band. 
 
It can be seen from Figure C.4 that the calculation of the interaural level difference of the signal 
over time indicates that the first section of the signal (which was silence) had an interaural level 
difference of 0, followed by the second section (which was the noise burst) that had a negative 
interaural level difference, followed by a final section (which was silence) that again had an 
interaural level difference of 0. From this, it can be interpreted that the noise burst is correctly 
calculated to be away from the median plane, as indicated by the non-zero result for this segment 
of the signal. However, the results indicate that the measured interaural level difference is not 
constant during the noise burst. As the source signal is monophonic, emitted from a single source 
that is stationary, and the acoustical environment is anechoic, it would be expected that this would 
result in a constant interaural level difference. Therefore, it appears that the measurement cannot 
accurately detect the interaural level difference for this signal, due to the errors that are caused by 
the instantaneous overall level of the signal as mentioned above and discussed in Chapter 3.  
 
In addition to these errors it is apparent that the measured result of this signal (that consists of a 
noise burst positioned to the side) resembles a single large fluctuation in interaural level difference 
where the noise burst signal begins and ends. As for the IACCFF measurement that was discussed 
in Appendix B, the analysis segment of the ILDFF measurement cannot differentiate between the 
fluctuations in interaural level difference that potentially relate to the width of the related aspect of 
the signal, and this calculation which appears to include a single large fluctuation.  
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This problem with the measurement is more serious than was apparent for the IACCFF that was 
discussed in Appendix B. The use of the mean value from the spectrographic analysis still gives a 
result of -63.236. Therefore the error in the fluctuation measure cannot be avoided by using the 
mean value. In addition, the errors that are introduced by the instantaneous signal level affect the 
measured result when the source is not located in the median plane. As the measurement appears 
to be successful when the sources are located in the median plane, it may still prove useful. 
However, it is something that must be considered for future development of the measure. 
 
The final simulation was the same binaural diffuse noise stimulus that was used in Appendix A 
that was created by convolving a large number of uncorrelated noise signals with head related 
transfer functions that were measured in an anechoic chamber from a range of source positions 
with respect to the head. As this signal should create a low interaural cross-correlation coefficient, 
and the fluctuations in interaural level difference and the cross-correlation are intrinsically related, 
the measurement was predicted to give a relatively high output value. Measuring this sound using 
the ILDFF gave a maximum value of -38.421 and a mean value of -43.474. As anticipated, this 
value is significantly higher than the value for the median plane anechoic simulation. However, it 
is not significantly higher than the value for the anechoic noise burst signal that was positioned 
away from the median plane. 
 
Therefore it was concluded that the ILDFF measurement was giving a wide range of values to the 
extreme conditions to which it was subjected, provided the sound source was positioned in the 
median plane.  
 
C.4 Possible refinements to the measurement 
 
This measurement may be refined by introducing an automated method of dividing the source-
related and environment-related aspects of the signal, and by including a more comprehensive 
simulation of the ear, as discussed in Appendix A. The other major factor that requires 
improvement is the level difference calculation segment.  
C.4.1 Level difference calculation segment 
 
From the responses of the ILDFF to sound sources that are positioned away from the median 
plane, it can be seen that there are severe limitations to the level difference calculation that is 
employed in this measurement. These are caused by the measurement being affected by the 
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instantaneous signal level and any interaural time differences in the signal. Whilst the application 
of the temporal smoothing limits the effect of these errors, they are not completely removed. 
 
There are possible ways of further limiting these errors. The first would be to employ a 
normalisation by the source signal, as used by Wang and Gade [Wang and Gade 2000]. This is 
discussed in Chapter 3. However, this normalisation relies on the source signal being known, and 
is not applicable for all types of measurement. The second method would be to use a longer 
duration for the temporal smoothing. However, this limits the maximum fluctuation frequency that 
is quantifiable, as mentioned above. The third method would be to use a temporal smoothing with 
some form of decay window, which may be a suitable compromise, though is still likely to involve 
a trade-off between fluctuation frequency and error rejection. 
 
Beyond this, it is possible that an alternative method for quantifying the level difference may be 
more successful, but further research is required to develop this. 
 
C.5 Conclusion 
 
The ILDFF measurement has been developed in order to quantify the properties of the fluctuations 
in interaural level difference that are contained within an auditory signal. It has been discussed that 
there are limitations with the level difference calculation segment of the measurement, and that 
further research is required to either improve this calculation or to develop a novel method. 
Nevertheless, the measurement has proved to be a useful analysis tool in the research and 
experimentation that was undertaken for this thesis. 
 
C.6 Summary 
 
This appendix has summarised the operation of the interaural level difference fluctuation function 
(ILDFF) that was developed as part of the research that was undertaken for this thesis. The 
processes that are involved in the calculation have been described in detail, and the reasons behind 
the development of each of the segments have been outlined. The measurement has been tested to 
show that it gives reasonable results for some basic stimuli, but it has been shown that there are 
limitations to its application. A number of possible refinements to the measurement have been 
discussed, as well as further research that is required to develop and evaluate the measurement. 
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Finally, it was concluded that the measurement has proved to be a useful tool for the analysis of 
the properties of some stimuli.  
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Appendix D Publications that have resulted from this research  
 
D.1 Journal paper 
 
Mason, R., Ford, N., Rumsey, F. and de Bruyn, B. 2001: ‘Verbal and non-verbal elicitation 
techniques in the subjective assessment of spatial sound reproduction’, Journal of the Audio 
Engineering Society, vol. 49, no.5 (May), pp. 366-384. 
 
D.2 Conference papers 
 
Mason, R., Brookes, T. and Rumsey, F. 2002: ‘The perceptual relevance of extant techniques for 
the objective measurement of spatial impression’, to be presented at the Auditorium Acoustics 
2002 Conference, London. 
 
Mason, R. and Rumsey, F. 2002: ‘A comparison of objective measurements for predicting selected 
subjective spatial attributes’, to be presented at the 112th Audio Engineering Society Convention, 
Munich, Germany. 
 
Mason, R., Rumsey, F. and de Bruyn, B. 2001: ‘An investigation of interaural time difference 
fluctuations, part 4: the subjective effect of fluctuations in decaying stimuli delivered over 
loudspeakers’, Audio Engineering Society Preprint, 111th AES Convention, preprint no. 5458. 
 
Mason, R., Rumsey, F. and de Bruyn, B. 2001: ‘An investigation of interaural time difference 
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